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ABSTRACT 

An aircraft is an example of sophisticated engineering requiring a high level of understanding, where 

advanced modelling techniques are used to improve design. This investigation identifies noise and 

vibration (N&V) as principal metrics. The considered source of N&V is the Turbulent Boundary Layer that 

causes the aircraft fuselage skin to vibrate, generating noise inside the cabin that dominates the sound 

field between 100Hz and 5kHz (frequency range of interest, FRoI).  

New computational methodologies (CM) are proposed to model and predict the vibro-acoustic behaviour 

of a section of an aircraft fuselage. The methodologies were adapted to incorporate more complex 

configurations, and materials. To verify these predictions, an atypical acoustic facility was commissioned 

to establish a new experimental methodology (EM). Several room qualification tests investigated the 

characteristics of the facility. The stringent criteria defined by these tests, and associated standards, were 

satisfied.  

The principal objective of the investigation was to develop a repeatable and reproducible strategy 

incorporating the complementing methodologies. The principal motivation reviewed the effects of 

varying thickness, and milled pocket size of the interior surfaces of the fuselage panels on Transmission 

Loss, TL. An associative formula was developed to account for the differences (damping, distortion, and 

flanking) between the methodologies. These corrections were all experimentally measured. 

Across the FRoI, the maximum TL error between the CM and EM for 0.04in, 0063in (milled), for a 0.063in, 

and 0.09in panels are 4dB, 4dB, 4dB, and 5dB, respectively; the error for the 0.063in and 0.063in (milled) 

panels with damping material are 9dB and 15dB, respectively. The TL error between the CM and EM across 

the entire frequency range (20Hz to 20kHz) for all mentioned panels vary as high as 20-25dB, however the 

frequency-averaged error for the 0.04in, 0.063in (milled), 0.063in, and 0.09in panels are 3dB, 3dB, 2dB, 
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and 0dB, respectively; the frequency-averaged error for the 0.063in panel and 0.063in (milled) panels with 

damping material are 11dB and 17dB, respectively.  

In summary, thinner panels demonstrated greater attenuation per unit of weight (despite thicker panels 

demonstrating greater attenuation). Similarly, the application of damping material on the interior surface 

of the wall demonstrated greater attenuation but did not improve the attenuation per unit of weight. 
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Chapter 1 GENERAL INTRODUCTION 

The aerospace industry is interested in improving the engineering analysis and design practices currently 

in use by further developing verified computational design methodologies. The implementation of 

quantifiable metrics in the decision-making process is intended to facilitate the minimization of risk and 

the avoidance of reparation costs that could be incurred in post-design stages of a project, and to optimize 

the aircraft design for enhanced manufacturing and operating efficiency.  

Early investigative efforts were motivated by Bombardier Aerospace’s interest in reviewing their chemical 

milling process that is implemented to reduce the mass of the fuselage skin by reducing the thickness of 

the aircraft sheet metal skin (away from fasteners and structural supports). The proposed computational 

modelling strategy utilized different performance metrics (specifically acoustic noise transmission loss (TL) 

values) to quantify the benefits of different panel thicknesses. The analysis identified that the panels’ 

vibro-acoustic response depended more on their stiffness than their mass at this geometric scale. 

Predictions anticipated greater shifts in resonant frequencies than relative changes in the magnitude of 

noise attenuated (transmission loss) for panels of varying thickness. 

The author sought to verify the computational results by repeating the analyses experimentally. This work 

consisted of commissioning an acoustic facility, developing a data acquisition (DAQ) program, preparing 

testing procedures and protocol, establishing confidence through qualification tests, developing post-

processing data calculation worksheets, and experimental testing.  

There were expected discrepancies between the computational predictions and the experimental results 

due to differences in the methodologies due to flanking, damping, and absorption characteristics of the 

test facility. The results of both methodologies (experimental and computational) were corrected (balance 

equation) to account for differences in the techniques.   

 



  2 

1.1 BACKGROUND AND MOTIVATION 

In order to remain commercially competitive, Bombardier Aerospace is continually working to improve 

their products through the implementation of advanced engineering approaches, by developing their 

understanding of design techniques, and by reviewing their manufacturing and assembly processes and 

procedures. 

Current practices utilize the advantages of different modelling techniques to optimize designs in terms of 

function and cost. They are also used to predict and prevent potential engineering problems, which 

circumvent large reparation costs that would be incurred following project completion. There are several 

specialized groups within Bombardier Aerospace that focus on optimization of the product subsystems 

using different performance metrics (including structural, materials, environment, acoustics (or noise) and 

vibrations, propulsion, heating and cooling, safety, and security). The motivation herein identifies noise 

and vibrations as the principal performance metrics of interest for analysis with greater weighting on 

acoustic noise reduction. 

Specifically, deterministic methods such as Boundary Element Method (BEM) and Finite Element Method 

(FEM) modelling techniques are used to simulate and analyze the acoustics and vibrations of aerospace 

products. These methods are best suited for modelling smaller scale components or sections of an aircraft. 

In contrast, Statistical Energy Analysis (SEA) is typically used for large-scale analyses. These computational 

techniques exhibit limitations that have motivated newer hybrid models, such as FEM-BEM and FEM-SEA 

[1, 2, 3].  

There is particular interest in using quantitative analysis to describe the benefit of different manufacturing 

and assembly processes and procedures, such as chemically milling the interior surface of aircraft fuselage 

skin. This process is implemented to optimize the strength-to-weight ratio of the fuselage structure and 

reduce the overall mass of the aircraft. Mass reduction is accomplished by reducing the thickness of part 
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of the fuselage skin. Using conservative approximations, the mass of the fuselage skin is reduced by 10% 

by milling the panel thickness every 0.001in, which assumes an 80-foot (25m) aircraft fuselage length, 16-

foot (5m) aircraft diameter with approximately 65% of the fuselage skin milled [4]. However, the reduction 

in skin thickness reduces the stiffness and the mass of the fuselage skin making it more susceptible to 

vibration, the generation of noise (from the fuselage skin vibration) inside the cabin and a reduction of 

the attenuation of acoustic noise passing through the aircraft wall.  

The dominating noise sources produced by an aircraft vary depending on its operating conditions (takeoff, 

cruising, and landing). Acoustic test standards and regulations often focus on the longest operational 

state, which is the aircraft in cruising flight. Aircraft taxiing (motion on the ground), ascent, descent, and 

landing each contribute only a small fraction of the overall period and can be regarded as intermittent 

noise sources to the passengers. The noise field during cruising are dominated by the Turbulent Boundary 

Layer (TBL), which is a turbulent layer of air that forms around the aircraft fuselage [5, 6]. The TBL causes 

pressure fluctuations across the outer surface of the fuselage skin resulting in structural vibrations, and in 

turn, the generation of noise inside the cabin. The flow of air around the aircraft acts as a second noise 

source as acoustic energy is transmitted through the aircraft wall [7]. Noise from other systems 

(suspension, landing gear and brakes, propulsion, flaps) can be more significant during takeoff and landing 

operation phases, however the operation period length is relatively short enough to be considered 

intermittent noise and subject to other conformance criteria (regulatory and testing standards). 

The described problem has aerodynamic, vibration, and acoustic components. It can be described as an 

aero-vibro-acoustic problem; as it is by Rocha [5]. The inherent complexity of the problem can be 

simplified without compromising the quality of the results generated using the principles of vibro-acoustic 

reciprocity into an acoustic-vibro-acoustic problem by imitating the TBL using an acoustic source. 
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The dynamic analysis of a structure is typically regarded as a singular dynamic system (notwithstanding 

multiple degrees of freedom in a simple system), while a vibro-acoustic analysis can be regarded as two 

dynamic systems, and aero-vibro-acoustic system as three dynamic systems.  In each case, the system is 

described as coupled if the dynamic systems influence each other concurrently. The system is described 

as uncoupled if one dynamic system’s response does not influence, or is negligible in influencing, the 

other(s) [8]. The acoustic-vibro-acoustic problem is modeled as a series of uncoupled and coupled 

analyses in this work. Specifically, modal analysis of the structural vibrations and the acoustic field 

simulations are uncoupled analyses, while all vibro-acoustic simulations are coupled analyses. 

Literature has demonstrated that the coupling of systems becomes more significant at high Mach 

numbers; otherwise negligible for low Mach numbers (less than 0.2). The term, significant, appears to be 

characterized by the shift in the first three resonant frequencies for a panel simulated with no flow (Mach 

number = 0) and under high flow (Mach number = 0.6): (1) between 66.5Hz and 72.2Hz, (2) between 

153.6Hz and 160.5Hz, and (3) between 200.9Hz and 202.3Hz [9]. The magnitude of the peaks and 

differences in frequency shift are not explicitly quantified, but the largest deviation is estimated to be 

within 5dB (not a resonant peak, but a product of frequency shift of the peak). This variability is regarded 

as negligible in experimental measurement. The panel structural modes are described in the paper [9] as 

becoming more efficient acoustic resonators because of an added mean flow.  

Due to the relative complexity of the problem of noise transmission through an aircraft fuselage and noise 

generation from the vibrating fuselage skin, simplification of the analysis was required. It was reasoned 

that the aerodynamic component was not of interest and did not impose any important constraints 

(treated as initial conditions). It was replaced by simulating the application of a pressure, or force, load on 

the surface of the fuselage skin which reduced the number of dynamic systems from three to two; a 

common practice in literature [6] and described in section 4.3. This simplification significantly reduced the 

complexity of the computational models. Upon further consideration of the underlying mechanisms of 
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vibration and acoustic transmission, the feasibility of further simplifying the computational and 

experimental vibro-acoustic analyses using an acoustic excitation source was investigated. Promising 

results incorporated an acoustic excitation source instead of a pressure, or force, load in the investigation. 

The author sought to develop a computational methodology to predict the vibro-acoustic behaviour of 

the aircraft fuselage structure and demonstrate good agreement with experimental results. Successful 

implementation of the methodology will provide effective and reliable engineering tools to optimize 

design and reduce undesirable consequences. 

 

1.2 SCIENTIFIC CONTRIBUTIONS AND OBJECTIVES 

The principal objective of the investigation is to establish and develop a reliable and reproducible method 

of predicting and verifying the acoustic and vibration responses and assessing the impact of design 

changes aimed at minimizing undesirable outcomes. These results can then be used to highlight potential 

changes to the fuselage structure that will result in the reduction of noise penetrating through, and 

generated by, the fuselage skin of the aircraft into the cabin. By quantifying the effects of varying the 

geometry of the aircraft fuselage skin in terms of attenuation, design decisions can be based off external 

criteria (client specifications, regulatory (noise) standards). The aforementioned specifications would 

define the required degree of attenuation in turn defining the geometric requirements of the fuselage 

skin to achieve the quality of passenger comfort (as specified by standards and/or regulatory standards) 

desired in the aircraft passenger cabin. 

One of the author’s scientific contributions is the combination of proposed computational and 

experimental methodologies; an absent technique in most engineering design practices. This contribution 

will necessitate the development of a computational methodology and an experimental methodology, 

which will be possible by completing the following tasks:    
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Computational modelling 

 Develop a modelling methodology (using LMS Virtual.Lab) that describes the vibro-acoustic 

behaviour of a section of an aircraft fuselage wall. This requires developing an understanding of the 

effects of parameter manipulation, advanced modelling practices (e.g. complex eigenvalue analysis 

for modelling of damping materials), and the propagation of error in modelling efforts. 

o The methodology must be representative of the experimental methodology to incorporate 

the experimental test conditions (as computational initial conditions), and allow for 

association and comparison of measurement and prediction results. 

 Model, and investigate the effect of varying geometric parameters of the aircraft fuselage skin (panel 

thickness, milled pocket size and depth) to develop an understanding of the benefits of (chemical) 

milling on the acoustic sound field inside the aircraft passenger cabin. 

 Model, and investigate the effect of incorporating complex material(s) (composite constructions) to 

develop an understanding of the benefits of the inclusion of acoustic and/or vibration damping 

material(s) on the acoustic sound field inside the aircraft passenger cabin. 

 Model, and predict the vibro-acoustic behaviour at the receiver of a simple wall construction for 

panels of varying thicknesses (0.04in, 0.063in, 0.063in (milled), and 0.09in). 

 Model, and predict the vibro-acoustic behaviour at the receive of 0.063in, and 0.063in (milled) panels 

with damping material (complex, composite constructions). 

 Investigate the computational limitations of BEM as a consequence of higher modal density 

(resonance) at higher frequencies (that require the use of alternative computational methodologies 

such as SEA). 
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 Investigate the computational limitations of FEM modelling strategies for complex geometric and 

composite structures. 

Experimental verification 

 Construct an acoustic facility (reverberation chamber adjoining with a semi-anechoic room). 

 Establish a DAQ measurement system in the acoustic facility (assemble computational system, cards, 

adapters, drawing speaker and microphone wires, ensuring compatibility of amplifier, equalizer, 

speaker and microphone power, terminal, and type requirements). 

 Develop DAQ software tailored for specific acoustic measurements (time-averaged measurements, 

decay measurements, calibration measurements) complimenting the computational DAQ hardware. 

 Establish confidence in acoustic measurement facility and system by completing qualification tests. 

 Develop post-processing techniques for acquired measurements to calculate quantities of interest 

(e.g. SPL, SWL, TL, IL) using international testing standards (ASTM, SAE, ANSI, ISO). 

 Complete numerous qualification tests and investigative analyses in conformance with, or reflective 

of, the ideals of respective test standard methodologies. 

 Collect sufficient data to calculate and satisfy repeatability and reproducibility criteria of 

international testing standards (i.e. standard deviation measures and 95% confidence intervals).  

The construction of the acoustic facility was expected to be atypical due to constraints on space, time, 

and funding. Conforming to the criteria (and/or principles) of international testing standards despite these 

limitations is another contribution to the scientific community that would demonstrate the feasibility of 

unconventional acoustic facilities. 

The main objective was to develop a reliable means of predicting noise and vibration responses during 

the design stage by developing the tools necessary to make well-founded judgements. Since discrepancies 



  8 

often occur between theory and practice, an associative formulation relating computational predictions 

to experimental results for verification is another contribution  

 

1.3 FUNDAMENTAL THEORY AND LITERATURE 

The investigation was described as an aero-vibro-acoustic problem. Regardless of the simplifications 

described above, a basic understanding of the underlying principles of aerodynamics, vibrations and 

acoustics is imperative. 

The aerodynamic component is responsible for the excitation causing the aircraft fuselage to vibrate. At 

cruising speed, the fluid that flows across the aircraft fuselage skin is turbulent and contributes to the 

turbulent boundary layer; which consists of rapidly varying pressure gradients across the outer surface. 

The TBL is regarded as the dominating noise source at cruising speed [10] and typically excites the fuselage 

at approximately 1000Hz with an amplitude that varies with cruising speed (typically between 34.5kN/m2 

and 51.4kN/m2 for Mach values of 0.60 to 0.78) [11]. There is an evident increase in pressure on the 

fuselage skin with increasing Mach numbers [12, 13, 14]. This data was collected empirically from two 

Boeing 737 aircraft. The authors note that there is significant vibration at values exceeding 500Hz and 

below 2000Hz at these Mach values due to the correlation associated with the turbulent boundary layer 

pressure field within these frequencies [11, 15]. This range is also identified in a review of the TBL by 

Bombardier and Spirit AeroSystems, Inc. [6]. At frequencies above a Mach number of 0.6, the phase of 

the vibration (bending) waves in the structure coincides with the phase of the pressure of the TBL pressure 

wave. An additional contribution to the TBL is the resulting shock cell (shearing of turbulent layers of air) 

that influences the sound field inside the cabin between 100Hz and 2000Hz [7]. In contrast to a turboprop 

aircraft engine, a turbojet engine produces 10dB to 30dB less noise (and associated vibration) in favour of 

an increase in fuel efficiency at desired speeds. This improvement in interior acoustic noise is prevalent 
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between 100Hz and 400Hz [16] due to the engines. This is reaffirmed elsewhere in literature more 

narrowly between 50Hz and 200Hz [7]. 

The translation of energy in the form of vibration to acoustics, and vice versa, is often referred to as vibro-

acoustic reciprocity [17]. Vibro-acoustic reciprocity inspired further simplification of the investigation of 

the vibro-acoustic problem to a purely acoustic problem. Fundamentally, the decision was motivated by 

practicality, improved repeatability and reproducibility of the experimental results. The decision to 

incorporate acoustic testing rather than vibration testing is reflected in the advantages of using an 

acoustic excitation source instead of a physical (force, torque, pressure) excitation source in modal 

analysis. The rationale is independent of the methodology; however, the use of an acoustic excitation 

minimizes variability in input conditions (reduces human error, wear and tear of impulse hammers and/or 

material specimens, greater control of input signal amplitude, calibration techniques, effective (high) 

broadband signal coherence) [18].  
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Figure 1: Vibration spectra due to aerodynamic excitation at the center of vibrating panels during flight 

at Mach 0.78 (solid line) and Mach = 0.60 (dashed line). From J. F. Wilby and F. L. Gloyna, [11]. 

 

The human hearing spectrum ranges between 20Hz to 20kHz [19], while some sources cite slightly varying 

ranges, such as 16Hz to 16kHz [20]. The principal frequency range of interest is 500Hz to 2000Hz (or more 

broadly between 100Hz and 5000Hz) [11]. The experimental efforts will attempt to collect data over the 

entire spectrum and report between 50Hz and 20kHz. Certain computational models in this investigation 

predicted results across a reduced frequency range (not higher than 16kHz) explicitly due to technical 

limitations (required computation time, disk space and memory). The frequency range of the predictions 

was not limited following a review of literature indicating limitations in BEM-, FEM-, and SEA-based 

methodologies to observe the divergence of computational predictions from experimental measures. 

These limitations are explored later in this section. Discrete representation of the results (continuous 
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function) as a function of frequency over a large range is impractical, but can be effectively analyzed with 

the use of fractional octave bands. Fractional octave bands are collections of frequencies around center-

frequencies which are represented by that centering frequency (geometric mean of the product of the 

lower cut-off frequency and the upper cut-off frequency).  

Similarly, the magnitude of sound pressure varies greatly. Consequently, they are compared on a 

logarithmic scale in units of decibels (dB) normalized according to the lower human hearing threshold 

pressure (pref) of 20µPa using Equation 1 [20, 19]. The quantity mentioned is called the sound pressure 

level (SPL). Sound pressure is the only quantity that can be measured directly and was integral in planning 

and purchasing of DAQ measurement system, and in the development of the DAQ measurement software 

and post-processing techniques.  

LP = 10 ∗ log10 (
p2

pref
2) = 20 ∗ log10 (

p

pref
) 

Equation 1 

Sound pressure is related to the sound power through sound intensity. Sound pressure and sound 

intensity are related through Equation 2, where ρ0c is referred to as the characteristic impedance of the 

medium. More specifically, the terms represent the density of the medium and the speed of sound in the 

medium respectively [21]. The introduction of intensity is necessary to establish the relationship between 

sound pressure and sound power in Equation 3 [20, 19, 21]. Like sound pressure, sound power and sound 

intensity are typically compared using a logarithmic scale using reference values: Iref = Wref = 10−12, in 

respective units of W/m2 and W [20, 19, 21]. The presented theory was integral in the determination of 

sound power levels in accordance to test standards for experimental testing and in the estimation of 

sound power from sound pressure measurements in interior (acoustic) rooms for computational input 

conditions. The theory afforded calculation (and repeated review) of the qualities (directivity, absorptivity, 

quantification of sound fields) of the acoustic rooms as well as corrections as specified in international 

testing standards. 
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I =
p2

ρ0c
 

Equation 2 

W = I ∗ A =
p2

ρ0c
A 

Equation 3 

Since noise has been described as pressure disruptions (mathematically), the principle of superposition 

stands. These pressure waves can be presented in the form shown in Equation 4 [20]. 

p(x, t) = p0 sin(ωt − kx) Equation 4 

Where ω is frequency in units of radians per second, t is time in units of seconds, k is the wavenumber in 

units of radians per meter, and x is the distance of the sound pressure away from the origin or reference 

in units of meters. As Equation 4 demonstrates, pressure is a function of distance and time. Using a 

constant noise source, the effects of time are not observed when measuring the sound pressure level.  

Under certain circumstances (most often reflections off surfaces, obstacles, and/or multiple acoustic 

sources), Equation 4 will demonstrate heightened sensitivity to variations in sound pressure due to time, 

but more so due to distance. The dependency on distance has led to the distinction of two fields: near-

field is the range where large variations in sound pressure can be observed due to constructive and 

destructive sound waves near the source, while far-field is the range beyond which differences in phase 

of constructive and destructive waves become negligible. The sound field can be further categorized as 

reverberant or direct. Knowing the strength of the emitting source and the size of the room are not 

sufficient to predict the noise in a room. The contribution of the different noise fields towards the overall 

sound pressure level depend on the reflective or absorptive properties of surfaces, on nearby obstacles, 

and distance between source and receiver.  An understanding of the principles and relation between 

sound power and pressure, and the behaviour of interfering sound pressure waves contributed to the 

development of a new methodology to account for relative change of acoustic distortion in confined 

volumes described in section 2.3.5. 
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Computational modelling takes the form of several different formulations that are integrated as different 

modelling strategies. These approaches include BEM, FEM, and SAE, which are used under varying 

circumstances and interests. The principles of BEM are based on Green’s theorem where knowledge of 

the boundary conditions of the simulation is sufficient for predicting the acoustic response values. It is 

based on two concepts, where the first transforms the boundary problem into a collocational (generally 

BEM) or variable (generally FEM) formulation and the second approximates the boundary variables using 

shape functions [8]. The direct BEM approach relates pressure at any point of the acoustic field to the 

pressure and normal velocity at the boundaries, whereas the indirect BEM approach simply infers the 

boundary layer to have only indirect physical meaning (complex/imaginary) [8]. Unlike FEM, BEM models 

do not require discretization (or meshing) of the entire volume that consists of the product of interest and 

surrounding fluid(s). Within LMS Virtual.Lab, the BEM approach focuses on Helmholtz’s (Equation 5) and 

Sommerfield’s (Equation 6) formulations. 

∇2p + k2p = −jρ0ωq Equation 5 

 Where p is the pressure function of the form 

p = p(x, y, z, t) ∗ ejωt 

 Where q is the volume velocity per unit volume induced by external source (e.g. 

forcing function)  

lim
|r̅|→∞

|r̅|
∂p(r)

∂r
+ jkp(r̅) = 0 Equation 6 

 Where p is the prescribed pressure function 

 k is the acoustic wavenumber  

The Helmholtz formulation describes the scattering behaviour of sound while the Sommerfield 

formulation describes the radiation aspect of sound [8]. As the geometry of products become complex 
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and the need for both the previous formulations becomes more apparent, the simulations are 

distinguished into “exterior” or “interior” classifications. Interior implies that a structure bounds a body 

of fluid, where exterior describes the case where a structure does not bound a fluid (unbounded). 

These formulations can model two types of responses: transient (non-periodic time history) and time-

harmonic (periodic time history). The latter type is typically of most interest in industry as sound emitted 

by products is time-averaged, analyzed for tones, and converted into equivalent sound pressure level. The 

former analysis would find application where intermittent sounds are of interest (such as a compressor 

that operates periodically to support subsystems on trains and aircraft (such as HVAC, liquid cooling 

system, brakes), mechanical tools in machine shops (such as a water saw), and the analysis of a gunshot). 

Instances of the use of BEM include predictions of the acoustic field response of an airfoil in a turbulent 

stream [22], and the interior noise levels (with particular interest in airborne noise transmission) by using 

a modelling approach known as dynamic stiffness to calculate the structural (vibrations) behaviour of the 

structure followed by the BEM approach to predict the acoustic field [23]. Similar investigations have 

reviewed the decomposition of problems to use BEM and FEM. For instance, Romero et al. incorporated 

this approach by defining subdomains (of the problem) which were modeled entirely (meshed) and 

evaluated using FEM, and the unbounded mediums (remainder of the domain) is modeled using BEM [24]. 

Their methodology implemented analytical solutions to verify their computational models. They 

investigated the resulting noise and vibration of a concrete tunnel due to an internal pressure load 

observing that the displacements of the structure (tunnel and soil) increased with increasing load speed, 

which also resulted in (associated) increased pressure inside the tunnel [24]. The coupling of BEM and 

FEM to investigate sound-structure is a practised approach to understand the vibro-acoustic behaviour 

and quantification of the transmission loss properties. Pates et al. have implemented FEM-BEM models 

to analyze the sound-structure interaction of composite structures. Their paper describes the evaluation 

of an exact solution of sound-structure interaction of composite structures to be difficult or even 
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impossible to compute [25]. Since these early investigations, significant advances in the methodologies 

have led to more specialized modelling techniques such as TBEM (Traction Boundary Element Methods). 

TBEM is appropriate for modelling thin rigid bodies (screens, panels, windows), which are otherwise 

difficult to model using general BEM models [26].  

Due to high modal density at high frequencies, there have been reported “failures” in deterministic 

methods which has necessitated the use of statistical methods [3, 8]. Here, failure describes the 

divergence of the difference between predicted and measured results. Statistical methods implement 

formulations based on sound power levels and associated decay and attenuation to calculate the value at 

a desired (or many) receiver position(s). Instances of SEA use include when there is an interest in 

composite fuselage construction (also investigated a hybrid FEM/SEA approaches) to calculate the 

transmission loss of the fuselage to optimize passenger comfort [27]. An interesting investigation has been 

completed on prediction of noise transmission inside dwellings due to (overhead) aircraft noise which is 

simulated using a novel approach called GRIM (Green Ray Integral Method) which is a computation of the 

Green functions like BEM. The investigation validated the results using a hybrid BEM/FEM approach [28]. 

Yuksel, Kamci and Basdogan investigated structure-borne noise to improve the acoustic field inside the 

passenger cabin of automobiles using a hybrid FEM-BEM approach. FEM was used to calculate the 

structural (vibrations) responses of the structure while BEM was used to conduct the acoustic analysis 

using a commercial product ADAMS. This research did not pursue experimental verification given the 

focus on proposing an optimized design [29]. 

The author developed a BEM-based, and a FEM-based, computational method to predict and analyze a 

modified, but equivalent, case of the original aero-vibro-acoustic problem. Analyzing the problem as an 

acoustic-vibration-acoustic problem permits and facilitates experimental efforts on the bases of feasibility 

(practical, financial), repeatability and reproducibility of results. The principal objective will be satisfied if 
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there is good agreement between computational predictions and experimental values. The comparison 

will focus on the sound pressure level that is (1) measured in the receiving room and (2) predicted through 

simulation. The calculated difference between the source input and, the measured and predicted value, 

individually, is transmission loss; a valuable metric defining the attenuation limits of the fuselage 

construction.  Successful implementation of the proposed methodology will identify the computational 

limitations (point of divergence) of BEM and FEM. It will also allow improved understanding of the noise 

and vibration in aircraft fuselages at the design stages and provide the opportunity to verify predictions 

earlier and with lower risk and cost penalties.  
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1.4 ORGANIZATION OF INVESTIGATIONS 

As described in section 1.2, there are two principal areas of distinguishable work: computational 

modelling and experimental testing. The proposed approach is based on the development of a high-level 

of understanding tool to model complex systems and develop solutions. Favoured conceptual designs 

could then be verified experimentally before committing them to the final design.  

The initial conditions of the computational models incorporated the initial conditions of the acoustic 

excitation source in experimental testing; which were managed more easily than attempting to imitate 

the computational initial conditions, experimentally.  

The experimental methodology necessitated the commissioning of an acoustic facility, which required the 

construction of a reverberation chamber and a semi-anechoic room, the development of a DAQ system 

using LabVIEW for existing National Instruments DAQ hardware, the development of testing procedures 

and protocols in conformance with international test standards, the development of post-processing 

calculation worksheets using Microsoft Excel, and a procedure for maintaining test data for measuring the 

repeatability, reproducibility and confidence of measured data; as described in section 2.1 and 2.2. The 

reverberant chamber was used to simulate the semi-reverberant environment inside the cabin, and the 

semi-anechoic room was used to simulate the free field environment around the aircraft; an effort that 

has been cited previously in FEM-BEM modelling [2]. Test samples were repeatedly tested in accordance 

with the principles of international testing standards; as described in section 2.2.  

Computational efforts sought to predict the correlation and causation resulting from varying geometric 

parameters of the fuselage skin, and the prediction of complex properties (modes and damping) of 

composite structures. Preliminary work quantified the effects of variable panel thicknesses, and the depth 

and size of the milled pocket areas on acoustic transmission loss; presented in section 4.3. The quantified 

correlations found in the results were supported by literature [30]. This motivated interest in investigating 
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the resulting change in performance (attenuation and frequency shift of resonant peaks) due to changes 

in stiffness and mass (resulting in changes to panel geometry). Investigating changes in design to improve 

bending stiffness while reducing surface density is a way of reducing vibration, while also reviewing 

qualities of transmissibility [31]. Two methodologies are proposed following computational limitations 

observed in advanced stages of the investigation; described in Chapter 3. The first proposes a BEM-based 

computational methodology to benefit from the accuracy of underlying integration-based calculations. 

The second proposes a FEM-based computational methodology to overcome the impractical 

computational time required to solve more complex (geometric and material) composite structures. 

Similar efforts are demonstrated in the modelling of composite fuselage structures using hybrid FEM-SEA 

methodologies, where the FEM component was used to model the 20Hz to 800Hz region and the SEA is 

used for the mid- and high-frequencies [32]. FEM offers advantageous solution capabilities for low-

frequency analysis due to explicit modelling of the physical domain [7]. The constraint is due to the large 

modal densities at higher frequencies; explored analytically in Chapter 2. Both methodologies analyze the 

vibro-acoustic behaviour of the structure, and predict the acoustic fields.  

The (input) boundary conditions are taken from experimental measurements. The measured sound 

pressure levels in the source room are replicated in the simulations and the predictions are compared to 

the measurements in the receiving room. These values were compared in the analysis stage of the 

investigation. The author has presented his early findings on the experimental testing and computational 

modelling to the Canadian Society of Mechanical Engineers (CSME) 2014 International Congress at the 

University of Toronto on June 1 to 4, 2014 [33]. 

There are discrepancies between the two methodologies. Experimentally, the acoustic field in the source 

room demonstrates (1) inherent damping or absorption of the acoustic rooms (see section 4.4), (2) 

flanking noise resulting from the source rooms to the receiving rooms through alternate transmission 

paths (see sections 2.3.4 and 4.1.4), and (3) distortion due to a confined volume (see sections 2.3.5 and 
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4.1.5) – all of which could not be simulated computationally. These qualities affecting the acoustic sound 

field were experimentally measured. An equation attempting to solve for equilibrium was developed and 

the findings were presented to the American Society of Mechanical Engineers (ASME) at the 2016 

International Congress (IDETC) in Charlotte, North Carolina on August 21-24, 2016 [34]; it is explored in 

Chapter 4. The author also submitted a more complete set of results for publishing in the Journal of 

Applied Acoustics (Elsevier) which remains, currently, under review.  

The discrepancies necessitated additional investigations to ensure confidence in the reported 

measurements of the atypical acoustic facility, and to further our understanding of the problem and 

potential solutions. These findings were reported and published in the Journal of IEST (Institute of 

Environmental Sciences and Technology) [35].  

The author has investigated the measurement of dynamic and complex material properties using acoustic 

broadband and discrete (tonal) excitation sources. Early investigative efforts demonstrate promising 

results as presented in sections 2.4.4 and 4.6.4.  

The organization of the presented content herein will describe the experimental methodology (Chapter 

2) followed by the computational methodologies (Chapter 3) (distinguishing BEM- and FEM-based 

methodologies separately). The findings associated with the methodologies will be presented individually 

first, and then compared in the subsequent chapter (Chapter 4). 

 

1.5 SECTION SUMMARY 

During cruising flight a layer of air that is highly turbulent develops around an aircraft fuselage resulting 

in a gradient of pressure fluctuations along the outer surface of the aircraft skin. These highly random and 

dynamic loading conditions cause significant vibration of the skin, in turn generating noise inside the 

cabin. Due to the inherent challenge of reproducing this form of excitation experimentally, the principles 
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of vibro-acoustic reciprocity are used as a basis for an acoustic source that is used to imitate the spectral 

profile resulting from the turbulent boundary layer. This then forms the basis of experimental and 

computational investigations into the transmission of acoustic noise through the skin. The principal 

motivation of this work considers the change in acoustic attenuation associated with modifying the 

panel’s geometry (panel thickness, milled pocket size and depth) and its assembly (as a composite 

structure using damping material). 

The author’s novel contributions include: 

1 The commissioning of an atypical acoustic facility that conforms to the principles of 

international testing standards and satisfies required criteria for reporting results with 

confidence [35]. 

2 The development of an experimental methodology that is capable of distinguishing (accuracy 

and precision) the attenuation properties of various samples that are geometrically similar 

(small changes in panel thickness) or significantly different (milled pockets of various sizes and 

depth, inclusion of damping materials) with high measures of confidence defined by 

international testing criteria [33, 34]. 

3 The development of computational modelling methodologies that accurately simulate the 

acoustic-vibro-acoustic behaviour that is representative of the experimental setup, and is in 

turn representative of the original aero-vibro-acoustic problem [33, 34]. 

4 Establish agreement between the two proposed methodologies. This objective will be 

satisfied by verifying the computational predictions using the experimental results. This 

required the development of an associative formula to account for the differences between 

the two methodologies [33, 34] (and one paper under review). 

The organization, and order of presentation of the content in this thesis are described in section 1.4.  
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Chapter 2 EXPERIMENTAL METHODOLOGIES  

The purpose of the following section is to describe the various tasks related to and contributing towards 

establishing experimental methodologies. These efforts support the first two novel contributions of the 

thesis that are clearly identified in Chapter 1 and in section 1.5 in particular. These tasks include the 

commissioning of the acoustic facility, the test procedures for qualifying the acoustic rooms, the 

development of test procedures for measuring different attenuation metrics, and supplemental 

investigations (intended to advance existing knowledge or observe a correlative results). The associated 

findings are presented in Chapter 4. 

Careful planning is integral in the design, construction, and commissioning of an acoustic facility. There is 

an immense list of considerations that should be studied and accounted for. The acoustic facility is defined 

by its purpose and testing interests. Regardless of intent for testing (quality control, research, or 

diagnostic), the facility must be able to accommodate the requirements of a test methodology specific to 

the measurement of a parameter of interest such as transmission loss, generated noise (associated with 

airflow), insertion loss, absorption measurements, and sound pressure (directional and/or non-

directional) and sound power measurements. These requirements can be more easily accommodated by 

following established testing practices. The conformance and/or agreement with protocol and criteria of 

international testing standards or accreditation regulatory bodies is indicative of a facility’s ability to 

measure accurately and precisely, and report the acoustic properties of test products – inherently 

suggesting that the aforementioned requirements are satisfied. In the proposed investigation, the 

principal quantity of interest was measurement of the transmission loss of the aircraft fuselage wall; 

insertion loss, damping, acoustic absorption, sound power and sound pressure measurements were also 

calculated. It was sought to test different specimens using an acoustic source emitting a broadband signal, 

in contrast to a source emitting a discrete, or tonal, signal. Accurate measurement of tones resulting from 

excitation of the structure is of interest. An additional consideration reflects certain measurement 
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methodologies which favour different types of acoustic rooms (reverberation, semi-anechoic, anechoic; 

rectangular, hemispherical). 

In addition to the metric to be measured, the environmental parameters must also be considered. A 

careful understanding of the existing environment will dictate construction requirements. Intrinsic 

vibrations resulting from nearby structures (turbines, motors, traffic) may necessitate greater effort in 

isolating the acoustic rooms from these structure-borne noise sources. Common practices include floating 

floors, isolation pads, or most simply (commonly) creating a construction break around the rooms (saw-

cuts) [36].  

Inherently, the budget allocated for the project will dictate the quality of construction work and materials 

(and their performance) of the facility. There is also a correlation between cost and size of the facility. 

Furthermore, size of the facility is often dictated by the frequency range of interest for testing; the lower 

frequency limit, f, is a function of the volume of the room in cubic meters, V, through the relation: 

V = √
2000

f

3

 

Equation 7 

Careful planning and design of acoustic rooms is integral for testing for specific applications. Rooms with 

high levels of absorptivity (semi-anechoic and anechoic) are often designed as larger rooms with non-

reflecting surfaces, and/or surfaces directing sound away from the source(s) and microphone position(s). 

Rooms with low levels of absorptivity are described as reverberant rooms (long acoustic decay periods) 

are designed such that the acoustic field is well distributed throughout the spatial volume. ANSI S12.51 

(ISO 3741) recommends room dimension ratios 0.42 and 0.68 (as a function of the largest dimension) for 

reverberant rooms (also assuming regular, symmetric shapes) [37]. These ratios are sought to improve 

the modal density by reducing the gaps between adjacent modes. There is a correlation between the 
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number of modes and the size of a room. The larger the room, the greater the number of modes; this is a 

function of the wavelength of acoustic waves and the dimensions of the test rooms.  

The reverberation chamber has ratios approximately equal to 0.5 and 0.6 (room is asymmetric).  The 

dimensions of the semi-anechoic room are approximately equal to 0.73 and 0.83. There are an estimated 

230,000 modes in the reverberation chamber up to 10kHz (modal density equal to 69 modes/Hz), up to 

an estimated 1,815,000 modes up to 20kHz (modal density equal to 271 modes/Hz). There are an 

estimated 1,425,000 modes in the semi-anechoic room up to 10kHz (modal density equal to 425 

modes/Hz), and an estimated 11,285,000 modes up to 20kHz (modal density equal to 1687 modes/Hz). 

Calculation of modal density is a function of room dimensions, frequency range, and speed of sound; it is 

the differentiated function for the calculation of the number of modes in the acoustic rooms. A high modal 

density is desirable for reasons similar as to what makes SEA a more confident and effective solution 

compared to BEM and FEM at high frequencies [38]. Modal density would help describe the energy storing 

capacity of the acoustic fields that depends on the average speed of the sound waves, which is then 

associated to the transmission of energy between different wavefield (across a junction, such as a wall) 

referred to as loss coupling factors. A high measure of modal density better represents the collection of 

average quantities as sought to be reflected in the construction of an acoustic facility with a uniform 

acoustic field. 

 

2.1 COMMISSIONING ACOUSTIC FACILITIES 

Recognized testing standards must be incorporated to ensure repeatability and reproducibility of 

experimental measurements. There are several regulatory agencies that oversee the practice of acoustic 

testing, noise exposure, noise in the environment, and health and safety, such as NVLAP (national 

voluntary accreditation program), ASHRAE (American Society of Heating and Air-Conditioning Engineers), 
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ANSI (American National Standards Institute), ASME (American Society of Mechanical Engineers), ASTM 

(American Society for Testing and Materials), SAE (Society of Automotive Engineers), ISO (International 

Organization of Standardization) and governmental agencies such as CCOHS (Canadian Centre for 

Occupational Health and Safety). The author followed procedures and protocols outlined by ASTM and 

ANSI, while reviewing recommendations by ISO and SAE. A number of qualification tests were completed 

and though there were deviations, the breaches were well understood and documented, and variability 

in results reviewed.  

The field of acoustics faces a unique, yet inherent, challenge of producing repeatable results – notably 

between entities that conduct testing. This is supported by the large reported standard deviations of 

performance metrics (e.g. insertion loss, generated noise, absorption, transmission loss) during round-

robin testing of identical products between independent laboratories. Despite the significant variability, 

these standards implore laboratories to be diligent in minimizing the confidence intervals and limits as 

much as possible (values that depend on the standard deviation). Several test standards were reviewed 

to measure and calculate transmission loss with confidence; a complete list of the standards is found in 

APPENDIX A: SELECTED TEST STANDARDS. 

In pursuit of the determination of certain metrics, standards were reviewed to accommodate the 

recommended methodologies. ASTM E90 [39] is a standard that encourages procedures and protocols to 

calculate transmission loss using a two-room method. The method calculates the transmission loss of a 

test specimen that is placed between two adjoined reverberation rooms. SAE J1400 [40] is a similar test 

standard where the distinction occurs in the types of rooms, where one is reverberant and the other is 

anechoic (or semi-anechoic). The document refers to ASTM E90 as interchangeable. ASTM E477 [41] is a 

standard that was reviewed to calculate insertion loss due to the installation of a test sample without 

airflow. The standard considers flanking (also known as breakout) noise, which was an integral 

consideration in the comparison of experimental and computational results. 
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ASTM E336, E2235, and ANSI S1.26 [42, 43, 44] are standards used to support the previous test standards. 

The standards are used to calculate the decay rates, Sabine coefficients, absorption coefficients and room 

constants, which improve understanding of the metrics of the test facilities. The review of these 

documents suggested material constructions, influenced decisions on microphone and speaker 

placement, and influenced the testing methodology. 

ANSI S12.51 [37] is an extensive document that can be used to approximate the sound power levels of 

noise sources. Knowledge of the sound power level of a noise source is extremely useful in design 

applications when resorting to different attenuation techniques and selections of damping materials. 

Review of the document influenced microphone and speaker placement, control of environmental 

conditions, and test parameters (number of runs, period of measurement). 

Selection and assembly of test apparatus conformed to the requirements (technical grades) where 

applicable within referred test standards. Additional technical decisions were made purposefully based 

on testing methodologies and application; for instance, type of measurement equipment (such as 

microphone type: diffuse field, random incident, free field), type of measurement software (built in-house 

or commercially acquired), construction materials and test samples. 

The experimental process involved repetitive testing of the test products (panels and composites). The 

database of results were used to calculate, and report acoustic quantities (transmission loss, insertion 

loss, sound pressure, sound power). The test procedures followed testing standards and 

recommendations. Test results were within 95% confidence intervals and standard deviations were 

compared against variable criteria (demonstrating low variability), which are the topics of sections 2.2.1 

and 4.5. 
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2.1.1 CONSTRUCTION OF ACOUSTIC FACILITIES 

The author modified the construction of the reverberation chamber and built a semi-anechoic room were 

constructed in McLaughlin Hall. The decision to adjoin two different types of acoustic rooms is to imitate 

the environmental conditions of an aircraft in flight. A CAD rendering is presented in Figure 2. A lower-

performing (or of relatively higher absorptivity) reverberation room is indicative of the acoustic field inside 

the aircraft cabin; acoustic energy reflecting from the walls of the chamber is similar to the reflection of 

waves from the walls, chairs, and passengers inside the cabin. The semi-anechoic room (with high 

absorptivity) would be indicative of the acoustic field outside, or around, the aircraft during flight; no 

obstacles reflecting energy back towards the source or receiver. The semi-anechoic room demonstrates 

higher absorptivity than the reverberation chamber; approximately 0.2 and 0.06, respectively. 
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Figure 2: Sectioned, isometric view of the adjoined semi-anechoic room (left volume) and the 

reverberation chamber (right volume). The sectioned volume of the opening between the two rooms is 

outlined in red, where the flanking plug or test fittings are inserted. 

 

A small, geometrically non-uniform, reverberation chamber was inherited. The structure measures 

approximately 1.95m by 2.92m by 1.78m with an opening that measures 0.914m by 0.914m (3ft by 3ft). 

A representative quadrilateral of the interal volume would be 1m wide by 2m long by 1.1m high. The 

thickness of the wall at the opening is 1ft and the construction consists of 3in batts of ROXUL 

SAFE’N’SOUND® stone wool (acoustic) insulation, stud framing (predominantly two-by-four, or 2x4, 

lumber), several layers of ½ inch and ¾ inch sheetrock (drywall), and the interior surfaces were lined with 

0.2052cm (12ga or 0.0808in) aluminum sheets (corners and gaps were sealed with acoustic caulking). The 

volume of the chamber was approximated using DDS SolidWorks due to the unusual shape of the walls, 

Reverberation Chamber 

Semi-Anechoic Room 
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floor, and ceiling, and found to be 2.2m3 and the surface area to be 10.8m2. The chamber parameters 

were measured meticulously and any uncertainties do not in any way influence the results (such as the 

absorption coefficients of the wall, room constants, TL and resulting flanking from the wall) unexpectedly 

as they are constant. See Figure 3 for an image of the reverberation chamber interior. 

 

Figure 3: An image of the end of the reverberation chamber with the microphone and speaker. The 

captured image is associated with the volume on the right side of the facility in Figure 2. 

 

A second room was constructed due to insight from the use of the aforementioned acoustic test 

standards. It can be described as an anechoic room or more appropriately as a semi-anechoic room. The 

geometric shape of the room can be described as non-uniform, irregular, and/or asymmetric. Using DDS 

SolidWorks, the volume of the semi-anechoic room was calculated to be 14.6m3 with a surface area of 

36.6m2. The structure consists of a wooden structural frame, ⅝ inch sheetrock (drywall) barrier on the 

exterior and 3.5 inch Owens Corning EcoTouch® QuietZone® Pink® Fiberglas® acoustic insulation covering 

Reverberation Chamber 

Microphone #1 on stand 
Wharfedale TWIN 10 Speaker 
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the interior walls. See Figure 4 for images of the semi-anechoic room interior and the opening between 

the two rooms.  

  

Figure 4: The interior of the semi-anechoic room (and microphone on a black stand) is presented in the 

left image; the captured image is associated with the volume on the left side of the facility in Figure 2. The 

opening (between the semi-anechoic room and the reverberant chamber) and the reverberation chamber 

are observable in the right image; the captured image is associated with the red outlined volume, and the 

volume on the right side of the facility in Figure 2, respectively.  

 

A schematic indicating room dimensions is presented in Figure 5. 

Semi-anechoic room 

Opening to Reverberation Chamber 

Microphone #2 on stand 
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Figure 5: Approximate dimensions of the exterior surfaces of the semi-anechoic room (left) and the 

reverberation chamber (right). Units are in meters [35]. 

 

2.1.2 DAQ HARDWARE 

The experimental hardware consisted of an assembly of National Instruments components, including a 

PXI-1031 controller chassis with PCI-8186, -4472, -4472B, -8040E, and BNC-2110 cards. The PCI-4472 cards 

are used as input and output terminals; only one card was necessary for acquiring data from the 

microphones. The PCI-4080E card was used in conjunction with the BNC-2110  terminal block to deliver 

the generated signal (+/- 12V) to the acoustic source.  
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Figure 6: The DAQ measurement system is presented on the left. Two connectors are visible for 

microphone input along with a black connector to the NI BNC-2110 card for signal output. The NI BNC-

2110 card is found on the right with a BNC connector for outbound signal to the Sherwood equalizer. 

 

A CROWN CE2000 amplifier and a Sherwood (EQ-1330) 1/1 octave band (OB) equalizer were used to 

control SPL output as a function of frequency. The amplifier was required to increase the power of the 

signal that is delivered to the speaker in order to emit sound pressure levels as high as 120dB (the target 

value for testing is 100dB). A 1/3 OB equalizer was sought to control of the spectral profile of the acoustic 

output (sound pressure as a function of frequency), but only a coarser 1/1 OB equalizer could be acquired. 

The equalizer was used to set the sound pressure level frequency profile as flat as possible. A 1/3 OB 

equalizer would allow for greater control of the spectral response of the acoustic source, however the 1/1 

OB equalizer performed effectively well. 

The Wharfedale TWIN 10 speaker is a woofer and a tweeter pair; the woofer component helps provide 

the lower (including low-mid) frequency range while the tweeter provides the higher (including mid-high) 

frequency range. It was acquired due to its size in order to satisfy a test standard criteria to be smaller 
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than 5% of the volume of the reverberation chamber, and power output. An enclosure was designed to 

enclose the speaker and to force sound waves to exit in only one direction (forward). The box accounts 

for the speaker’s edges to remain flush as to avoid as much distortion as possible from bending of sound; 

the phenomenon is referred to as cabinet diffraction. The 10in speaker has a frequency response between 

60Hz and 20kHz within +/- 3dB, which is ideal for coherence. The speaker emits pink noise as described in 

international testing standard ASTM E477. Pink noise is favourable as each octave band carries equal 

acoustic energy (inversely proportional to frequency); whereas white noise is inherently random (carrying 

equal energy at regular frequency intervals), red noise is inversely proportional to frequency to the second 

power, and grey noise follows the loudness spectral profile. It has a system impedance of 8ohms capable 

of accepting 150W of continuous power (or an input of 300W of the music type, or 600W peak power). 

The latter power requirements were due to the desired generation of sound pressure in the acoustic 

reverberation chamber and semi-anechoic rooms to improve signal-to-noise ratio and a powerful 

amplifier driving the yet-selected-speaker – up to 120dB of sound pressure.  
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Figure 7: The Wharfedale TWIN 10 speaker is a woofer and a tweeter pair. The speaker is shown on the 

left during circuit construction (voltage, current and power checks). The image to the right shows the cap 

removed exposing the driving coil. 

 

  

Figure 8: The backside and wiring of the CROWN CE2000 amplifier, and the back plate of the Sherwood 

(EQ-1330) equalizer. The DAQ measurement system (computer) attached to the BNC-2110 card, that 

connected to the Sherwood equalizer. The signal from the equalizer would be stepped up by the CROWN 

amplifier before it reached the Wharfedale speaker. 
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A Honeywell HCM-315T QuietCare 3.0 Gallon UV tower humidifier was purchased to help control the 

meteorological conditions (temperature and humidity) of the test facility. Decay measurements cannot 

be completed with the same level of confidence when humidity levels are below 30% (in some standards, 

this number is 40%). A La Crosse Technology Forecast Station (WS9047UITCA) was purchased to measure 

and report meteorological conditions; standards specify that the temperature, pressure, and relative 

humidity must be known and that these values cannot deviate beyond a certain range (+/- 5C, N/A, +/- 

3%; respectively). The meteorological conditions at the start and at the end of testing were recorded. The 

conditions were monitored throughout the test duration. The environment did not vary beyond the 

specified limits defined by international testing standards (see section 2.2.1), nor did they vary throughout 

the acoustic facility (the forecast station features two distinct sensors that were used at two locations).  

Two free field BSWA Tech ½-inch ICP condenser microphone and preamplifier pairs (model MPA201) were 

used due to heightened sensitivity and high coherence values for measurement between 20Hz and 20kHz. 

The coherence of both microphones demonstrated the response of the actuators to be within 3dB up to 

8kHz and 5dB within 12.5kHz when exposed to a free field response. An ACO Pacific Inc. (model 511E) 

acoustic calibrator was used calibrate the microphones for each test to ensure accurate measurement. 

The calibration report for the calibrator shows compliance against ISO standards. The results indicated 

that the calibrator emitted 93.95dB at 993.25Hz (rated at 94dB at 1kHz), and 103.88dB at 993.02Hz (rated 

at 104dB at 1kHz).  
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Figure 9: The ACO Pacific Inc. sound calibrator indicating 94dB and 104dB measures for calibration at 1kHz 

(left). The La Cross Technology Forecast Station demonstrates temperature, humidity, and pressure values 

of the testing environment (right). 

  

2.1.3 DEVELOPMENT OF DAQ SOFTWARE 

The DAQ software was developed specifically for the existing testing apparatus. The program was 

developed using LabVIEW 2011 and the Sound & Vibration Toolkit. The programming implements low-

level code in place of high-level code which incorporates existing libraries and functions for less advanced 

users. The benefit of this decision is observed in the reduced computational demands, improved control 

over test parameters of interest and generally more sophisticated and elegant code layout and structure. 

The program consists of three main operational states. The first state is the calibration state that toggles 

the sensitivity of the microphone in engineering units of mV/Pa to measure the correct SPL generated by 
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a sound calibrator. The second state is the measurement of the decay curves in the room which consists 

of recording a time history using appropriate exponential settings. The final state is the averaging state 

which consists of measuring the time-averaged SPL of the room. Since measurements are acquired at such 

a fine resolution (25ms intervals) across the 20Hz to 20kHz frequency range on a somewhat technically-

dated computer, the code had to be lightweight and well-structured to avoid latency complications. A 

Producer-Consumer architecture was implemented to acquire data and process data separately, but 

within every operational state; this minimized processing power by reducing the number of instructions 

per acquisition cycle.  

The program starts by entering the main (while) loop that waits for user instruction that initiates one of 

the main event structures. In each event structure, a preliminary (while) loop (the producer loop) acquires 

measurements continuously and builds a queue, which is processed by the secondary (while) loop (the 

consumer loop). The consumer loop simply organizes, transforms and/or assembles the raw 

measurements into an array and between arrays. The data is further parsed in a third (while) loop that 

varies depending on function of the selected event case. The pseudocode is provided at the end of 

APPENDIX B: PSEUDO CODE FOR DAQ SOFTWARE. 

Upon completion of the experimental testing, the acquired (lightly processed) data is output in delimited 

text format for further processing in Microsoft Excel. 

 

2.2 TESTING METHODOLOGY 

Though it is possible to develop a testing methodology with an understanding of acoustic theory, 

established methodologies exist and are outlined according to various international testing standards. The 

aforementioned guidelines encourage diligence, and support proper testing and calculation procedures 

that were reviewed and implemented herein. Some standards define qualification tests to ensure a facility 
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conforms to the requirements and assumptions of the standard, and/or to ensure sufficient confidence 

in the reported results. These suggested qualification tests were performed to ensure confidence in the 

testing and calculation procedures, and in the reported values. These qualification tests were supported 

by an investigation reviewing the extent of flanking and the effects of a confined volume on an acoustic 

source and its sound field. Additional tests were performed to develop a better understanding of the 

constructed acoustic facility.  

The testing methodology for calculation of transmission loss requires a number of tests:  

(1) Calibration measurements ensure microphones are measuring sound pressure accurately.  

(2) Decay measurements of the reverberation chamber and the semi-anechoic room for calculation 

of absorption coefficients to account for corrections and calculations.  

(3) Sound pressure level measurements of the background noise levels in both rooms to ensure 

proper signal-to-noise ratio (SNR) and appropriate application of correction factors.  

(4) Sound pressure level measurements from the reverberation chamber to the semi-anechoic room 

(with the test product in place), and from the semi-anechoic room to the reverberation chamber, 

for calculation of the attenuation of noise due to the test product.  

(5) Sound pressure level measurements from the reverberation chamber to the semi-anechoic room 

(with the flanking plug in place), and from the semi-anechoic room to the reverberation chamber, 

to ensure proper signal-to-noise ratio and determination of correction factors to account for 

transmission of noise through alternative paths (such as structure-born noise).  

The formulation is presented in section 4.2. 

The testing methodology for calculation of insertion loss requires: 

(1) Calibration measurements ensure microphones are measuring sound pressure accurately.  
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(2) Sound pressure level measurements without the test product in place (opening is clear) from 

reverberation chamber to semi-anechoic room, and from the semi-anechoic room to the 

reverberation chamber, for the calculation of the attenuation due to the installation of the test 

product. 

(3) Sound pressure level measurements with the test product in place from reverberation chamber 

to semi-anechoic room, and from the semi-anechoic room to the reverberation chamber, for the 

calculation of the attenuation due to the installation of the test product. 

(4) Sound pressure level measurements of the background noise levels in both rooms to ensure 

proper signal-to-noise ratio (SNR) and appropriate application of correction factors. 

(5) Sound pressure level measurements from the reverberation chamber to the semi-anechoic room 

(with the flanking plug in place), and from the semi-anechoic room to the reverberation chamber, 

to ensure proper signal-to-noise ratio and determination of correction factors to account for 

transmission of noise through alternative paths (such as structure-born noise).  

The formulation is presented in section 2.4.1. 

The testing methodology for calculation of sound power level requires: 

(1) Calibration measurements ensure microphones are measuring sound pressure accurately.  

(2) Sound pressure level measurements with the test product in place from reverberation chamber 

to semi-anechoic room, and from the semi-anechoic room to the reverberation chamber, for the 

calculation of the attenuation due to the installation of the test product. 

(3) Sound pressure level measurements of the background noise levels in both rooms to ensure 

proper signal-to-noise ratio (SNR) and appropriate application of correction factors. 
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(4) Decay measurements of the reverberation chamber and the semi-anechoic room for calculation 

of absorption coefficients to account for corrections and calculations.  

The formulation is presented in section 2.4.1. 

The testing methodology for calculation of absorption measures require: 

(1) Calibration measurements ensure microphones are measuring sound pressure accurately.  

(2) The calculation of decay curves from decay measurements of each acoustic room. Decay 

measurements are time history measurements of the acoustic room of three periodic stages: 

steady state operation of acoustic source in the acoustic room, the stop of operation of the 

acoustic source and the decay of sound in the room, and the steady state background sound 

pressure levels in the acoustic room in the absence of operation of the acoustic source.  

The formulation is presented in section 4.4. 

 

2.2.1 INTERNATIONAL TESTING STANDARDS 

Standards, each with its own interest and purpose, sometimes rely on other standards. The following 

section clarifies individual standards and their interdependences.  

ASTM C423-09a – “Sound absorption and sound absorption coefficients by the reverberation room 

method” outlines the suggested methodology for calculation of the sound absorption of a room, of test 

products (or the change that corresponds to its presence) using decay rate measurements [45]. Notable 

considerations include effects due to meteorological conditions, absorption due to air, background noise 

and calculation recommendations (acquisition requirements, guidelines for decay rate calculations). The 

standard also identifies criteria to qualify the acoustic rooms; the criteria measures the variability in decay 

rate. The standard reports on reproducibility and repeatability values for sound absorption of a sample 
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test product to indicate expected sensitivity of tests. Deviations from the standard include the minimum 

volume of the room (125m3), target values for the absorption coefficient (actual absorption coefficients 

are comparable), the minimum difference between the steady state operation of the source and of 

background levels (45dB) (the actual difference is at this limit at low frequencies), the microphone type 

used (omnidirectional), minimum size (exposed area) of test specimen, minimum number of microphone 

positions, and distances between positions and from surfaces. The standard relies on ASTM E2235-04 – 

“Determination of decay rates for use in sound insulation test methods”, which defines a procedure to 

measure and calculate the decay rate of sound to evaluate the acoustic performance of a test room [43]. 

The decay rates are used to calculate the absorption coefficients of the acoustic test rooms. Deviations 

from the standard include the number of recommended stationary microphones and the spacing between 

positions and any type of surface. ASTM E336-11 – “Measurement of airborne sound attenuation between 

rooms in buildings” is primarily used to evaluate the acoustic performance of sound-insulating materials 

[42]. The standard was referred to as part of the process of measuring and calculating the decay rate of 

sound and absorption of the test rooms, and to understand the flanking behavior present between the 

test chambers. 

ASTM E477-13 – “Laboratory measurements of acoustical and airflow performance of duct liner materials 

and prefabricated silencers” defines a procedure to calculate the insertion loss of a test specimen, and 

outlines calculation procedures and corrections (for background noise and flanking) to ensure acceptable 

SNR [41]. The standard was used to calculate insertion loss without airflow and to measure the flanking 

limits of the acoustic facility using recommendations in the standard. Deviations include the exclusion of 

ductwork (not applicable in this investigation), number of microphone positions and distances between 

microphone positions and distance from surfaces. 

ASTM E90-09 – “Laboratory measurement of airborne sound transmission loss of building partitions and 

elements” is prepared for measurement of the transmission of sound through a test product using a two-
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room testing method [39]. The standard defines criteria that can be used to qualify the acoustic room by 

calculating the confidence intervals of the test products and describes a suggested investigation to 

understand the flanking limits of the facilities. The procedure accounts for signal level corrections to 

ensure an acceptable signal-to-noise ratio, and for the absorption of the acoustic rooms. Deviations from 

the standard include the recommended minimum volume of the acoustic rooms (80m3), minimum 

dimension of test specimens (2.4m), recommendation for a microphone (random-incidence condenser), 

and spacing and position between individual microphone positions. SAE J1400-2010 is similar to ASTM 

E90, which considers sound transmission between a reverberation room and an anechoic room, and refers 

to it as an appropriate alternative [40]. It suggests that the source room volume be greater than 50m3, 

that the receiving room should be sized differently to avoid coincidence of natural frequencies between 

rooms, and the minimum diagonal dimension of a test window given the lowest frequency of interest. 

ANSI S12.51-2012 – “Acoustics – Determination of sound power levels and sound energy levels of noise 

sources using sound pressure – Precision methods for reverberation test rooms”. This standard is 

intended to calculate the sound power levels from sound pressure level measurements within an acoustic 

test room [37]. The procedure accounts for necessary corrections to the signal to ensure satisfactory signal 

to noise ratio and for variability resulting from meteorological conditions (temperature, humidity, 

absorption) to calculate the sound power. The standard is involved and thorough in an effort to calculate 

many parameters (including sound energy). The standard specifies methods to calculate repeatability and 

reproducibility values to understand associated uncertainty of the facility and performed tests. The 

standard does describe a room qualification test to measure the variability of sound pressure as a function 

of time and space in the acoustic rooms and to compare it against provided criteria. Deviations from the 

standard include the volume of the acoustic rooms, position and distance of acoustic source, number of 

microphone positions, position and distance between microphone positions and distance away from 

surfaces, and the calculation of uncertainty of tests using acoustic energy. 
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Specifically supporting ASTM C423, the standard ANSI S1.26-1995 – “Method for calculation of the 

absorption of sound by the atmosphere” is referenced for estimative calculation and resulting correction 

of absorption due to air [44]. 

ASTM C423 and E90 define the lower limit of relative humidity (RH) to conduct testing at 40% and 30% 

RH, respectively. ANSI S12.51 suggests a value greater than 50% RH, however permits testing below the 

target within controlled meteorological conditions (little temperature, pressure, and humidity deviation 

during testing). The acoustic facility is found in a shared building and it can be challenging to accommodate 

these conditions. Specifically, the relative humidity during dry months in the acoustic facility is between 

20-30%, but can be raised to at least 35-40% with the use of humidifiers. International testing standards 

communicate the importance of performing testing within this range to ensure accurate measurement of 

the signal. Meteorological conditions are used to calculate the speed of sound and to calculate the 

attenuation due to decay of sound due to the atmosphere. The calculation of the absorption 

characteristics of acoustic rooms or test specimens is a function of the speed of sound and the decay of 

sound in the acoustic facilities, which depend on the aforementioned environmental conditions. The 

decay of sound can be particularly sensitive at high frequencies and at low levels of humidity [45].  

ANSI S12.51 encourages (for stationary microphones) the use of a minimum of six distinct positions. The 

period of measurement for noise below 160Hz is 30 seconds to report measurements with greater 

confidence. In contrast, ASTM E90 requires a minimum of four (fixed) microphone positions for routine 

testing, but at least six positions for qualifying the room per the standard. The two aforementioned 

standards define criteria and correction factors for various circumstances. ASTM E2235 suggests the 

product of number of microphone positions and samples recorded be at least 15. Certain standards refer 

to the use of omnidirectional speakers. The selected speaker is a woofer-tweeter pair positioned and 

directed into the corner of the rooms to minimize the direct field contributions. This is not a concern in 

the semi-anechoic room, where position and direction of microphone measures the SPL. 



  43 

Due to geometry (shape and size) of the existing facility, there was an inherent challenge in positioning 

microphones away from surfaces, acoustic sources and individual microphone positions at defined 

distances. A single microphone position was situated in both rooms, which is addressed in section  4.1.1. 

The acoustic source was positioned in the corners of the acoustic rooms. The speaker faced the 

reverberant walls of the reverberation chamber furthest away from the opening between the adjacent 

rooms. The speaker was directed towards the opening inside the semi-anechoic room; this is because the 

walls of the semi-anechoic room are to attenuate noise instead of encouraging a reverberant field. 

A total of 36 measurements were recorded at these positions and used to calculate spatial and time-

averaged sound pressure levels. A total of 54 decay measurements was recorded for determination of the 

absorption qualities of the rooms. The meteorological conditions in the acoustic facility were monitored 

and controlled. A period of 30 seconds was used for averaging as defined by ANSI S12.51 and by the 

formula in ASTM E90 in Annex A2.  

In summary, the principal deviation from all standard protocols is geometric scale – size of room, size of 

test specimens, and location and position of speakers and microphones. Conventionally, acoustic facilities 

are designed to be large to improve the lower limit of the lower frequency range (a function of the volume 

and room modes), and to reduce variability in measurement of that range. The need for additional 

microphones and acoustic sources correlates with the increasing size of acoustic rooms to capture (and 

ensure) an equal, diffuse and steady sound field in reverberation rooms. Smaller rooms need fewer 

microphone positions or shorter paths for rotating microphones to measure the spatial and temporal 

average sound pressure level. The deviations posed a greater risk in variability of measurements at low 

frequencies which were observed in the results of low frequencies of room qualification tests explored in 

section 4.1. These variabilities were controlled through effective testing practices. Challenges related to 

variable meteorological conditions were controlled using additional equipment (e.g. humidifier).  
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2.2.2 POST-PROCESSING AND REPRODUCIBILITY WORKSHEETS 

Though it is possible to program all post-processing using LabVIEW (automated, quicker), post-processing 

was performed using Microsoft Excel as it provided access to literally every step of every iteration in case 

of calculation or syntax errors. Due to the computational limits of Microsoft Excel, post-processing could 

not be completed in a single file. Two different worksheets were prepared to process and calculate the 

results: 

 Decay measurements: Two instances of this file were used for each test (one for the reverberation 

chamber and one for the semi-anechoic room), which calculated the absorption coefficients 

 Acoustic performance metrics: One instance of this file was used, which referenced the two 

aforementioned files for absorption values, to calculate the transmission loss, insertion loss, and 

the approximated sound power levels using the direct method. 

The decay measurements document would be imported into the worksheet, where the transformations 

and organization of the data would be completed dynamically and autonomously. Provided several inputs 

– such as period of measurement, relative time of (acoustic source) stop event, time step, and cautionary 

filtering constants (time stamp variability, decay criteria) – the raw data would be organized as a function 

of frequency and time, for each decay measurement. The resolution (time step for acquiring data) of the 

independent variable (time) is virtually improved by factorizing the time step to fill the dedicated memory 

allocated for the mathematical process. The following step calculates the steady state sound pressure 

levels of the acoustic room knowing the time at which the decay of sound begins. The calculation of the 

steady state level must satisfy an acceptable standard deviation criterion (function of frequency). The 

stead state sound pressure levels of the background environment are calculated similarly and against its 

own set (comparable) criteria for acceptable measures of the standard deviation. Using criteria defined 
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by the ASTM C423 and E2235, the slope of the decay curve is calculated; the criteria defines a 3dB upper 

limit below steady state operation of the acoustic source with a final point at least 15dB below the steady 

state operation of the acoustic source but up to a maximum (bounding) of 25dB, and at least 10dB higher 

than the background noise levels. This information allows for a representative calculation of the decay 

rate of a nonlinear curve using a single value. The calculated decay rates are then used to calculate the 

absorption coefficients. Corrections due to absorption due to air, temperature, humidity, and barometric 

pressure are also accounted for. The results are organized and saved in a table for export (inter-document 

referencing). 

The document calculating the many performance metrics is organized into several worksheets – results, 

inputs, import of raw data, calculation of sound power level, calculation of insertion loss, calculation of 

transmission loss, and import of calculated decay measurements. The worksheets do contain intra-

document references, but are self-contained in the calculation of the performance metric of interest. 

The general methodology of the worksheets follow calculation of the (spatial and temporal) average and 

variability of the sound pressure levels of each test condition, comparison against criteria defined by 

international test standards and application of correction factors if applicable, transformation of data into 

tables, and application of mathematical equations to calculate the final performance metrics. The results 

are summarized in tables in the results worksheet for export (inter-document referencing). 

A single master document was created that imported and amalgamated the results of every test 

conducted and the associated details (date, meteorological conditions, specimen details). In addition to 

calculating repeatability and reproducibility measures (averages, standard deviation, confidence intervals 

in accordance to ASTM E90, E477, ANSI S12.51), it served as a depository for all computational predictions 

in a separate worksheet. Comparison of experimental and computational results were reviewed and 

equated in this principal document.  
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2.3 ROOM QUALIFICATION TESTS 

Qualification tests are proposed methodologies defined in various testing standards to help ensure 

confidence in the reported results. Documentation suggest testing protocols and calculation procedures 

to avoid large variability outside defined criteria. Such a strategy improves reproducibility between 

different acoustic laboratories, and the repeatability of test results at the same acoustic facility.  

The reader will observe the use of “forward” and “reverse” in the description of tests. Forward indicates 

the forward direction of testing which is subjectively defined as the direction of noise travelling from the 

reverberation chamber to the anechoic room, whereas the reverse direction is the direction of noise 

travelling from the semi-anechoic room to the reverberation chamber. 

The qualification of the room sound fields and measurement systems (ASTM E90) were conducted by 

calculating the 95% confidence intervals for transmission loss from measurements and variability of those 

measurements. Similarly, compliance with ASTM C423 was reviewed through qualification of the 

reverberation chamber through measurement and determination of the variability of the decay rates. 

Conformance to ANSI S12.51 was reviewed by investigating the variability of measurement of broad-band 

(and discrete) sound. Flanking tests were conducted to measure the amount of energy that broke out 

from the source room and back into the receiving room through alternative paths; this test was completed 

in both directions.  

Additional tests were explored to determine the intrinsic properties of the reverberation chamber and 

semi-anechoic room. A specific investigation reviewed and quantified the distortion (of the sound 

pressure level profile) due to the confined volume of the rooms. Measurements were conducted within 

both volumes to obtain an understanding of the behaviour of sound and its propagation. Within the 

reverberation chamber, it was sought to quantify the uniformity of the reverberation. Within the semi-
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anechoic room, it was sought to quantify the decay of sound as a function of distance from the acoustic 

source.  

 

2.3.1 QUALIFICATION OF ACOUSTIC ROOMS FOR MEASUREMENT OF BROAD-BAND SOUND 

Annex C of ANSI S12.51 introduces a table of maximum relative permissible standard deviation values of 

the sound pressure level measurements in a room. The suggested recommendations in the body of the 

standard were thoroughly reviewed and incorporated, such as microphone and speaker positioning, 

environmental conditions, quality of testing hardware, and parameters of the DAQ system. 

The reverberation chamber was segmented into ten positions at two different heights. Positions were 

evenly spaced and representative of the entire volume of the chamber except around the acoustic source. 

The semi-anechoic room was segmented into twelve positions at three different heights, see Figure 10. 

Four measurements were made at every position to ensure confidence of the measurements at that 

location. The standard deviation was calculated using the time-averaged values at each position for 

comparison against the defined criteria.  
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Figure 10: Microphone positions for the determining the acoustic qualities of both rooms. The reverberation chamber was 

qualified in conformance of the principles of ANSI S12.51 with deviations noted in the body of this paper. The reverberation 

chamber was qualified with the room sealed with an acoustic plug. The qualities of the semi-anechoic room were measured with 

the speaker placed in place of the plug [35]. 

 

The measurements conducted in the semi-anechoic room were completed with the flanking plug installed 

for increased sensitivity in measured values as a function of distance from the opening between the two 

rooms.  

 

2.3.2 QUALIFICATION OF ACOUSTIC ROOMS, AND SOUND FIELDS AND MEASUREMENT SYSTEMS 

ASTM E90 proposes the calculation of confidence interval (CI) as a means to qualify the sound fields and 

measurement systems. Measurements surveying the room are used to calculate spatial averages (using 
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time-averages), standard deviations, and consequently the confidence intervals of the reported 

transmission loss values of a test specimen. These criteria are enforced by SAE J1400; which identifies 

ASTM E90 as an appropriate alternative. It recommends that the standard deviation of sound pressure 

level measurements in the room be no greater than 2dB at 200Hz and above. 

The qualification test followed the recommendations of the standard, including required averaging period 

(function of acceptable error and frequency), type of microphone (stationary or rotating) and resulting 

considerations (number of positions, number of averages; or period of rotation and length of trajectory), 

type of acoustic source and signal, and mathematical procedures.  

The suggested review of the confidence intervals is more indicative of confidence of reported values and 

of repeatability and reproducibility of the acoustic room. This approach is more often practiced using a 

calibration specimen to track any changes in the acoustic facility’s performance (related to quality control 

and maintenance). 

 

2.3.3 MAXIMUM RELATIVE PERMISSIBLE VARIATION IN DECAY RATE MEASUREMENT 

ASTM C423 defines a ratio for the maximum relative permissible variation of decay rate. The ratio 

calculates the variation (the standard deviation) in decay rate divided by the calculated decay rate. The 

ratio (or percentage) shows how significant the variations are and instills confidence in the reported 

calculations for absorptivity. The methodology does not call for any special testing considerations or 

procedures, however proper measurement and transformation of decay curves is necessary to measure 

the decay rate and absorption coefficients of the acoustic rooms. Recommendations of the standard, such 

as number of decay measurements, microphone positions, frequency range (and octave band width), 

environmental conditions, room absorptivity target values, and meteorological conditions, were 

accommodated. 
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2.3.4 FLANKING LIMITS 

Annex A3 in ASTM E477 addresses flanking limits to minimize the contribution of noise from alternative 

paths, such as structure-borne noise. To satisfy construction requirements of the standard, the opening 

between the reverberation chamber and the semi-anechoic room was fitted with a 4.5mm (0.177in) steel 

plate frame to minimize noise leaking through the cracks of the fitted plugs. The flanking plug was 

constructed with a 0.0889cm (0.035in) aluminum sheet, six layers of ⅝ inch sheetrock (drywall), a wooden 

frame, and two layers of 7.62cm (3 inch) ROXUL SAFE’n’SOUND® acoustic insulation (stone fibers). The 

plug used to reduce the size of the opening is made of a wooden frame with plywood surfaces, a sheet of 

aluminum, four layers of ¾ inch sheetrock, and two layers of 7.62cm (3in) ROXUL SAFE’n’SOUND® acoustic 

insulation. See Figure 11 for a capture of the large flanking plug. 

The flanking limits of the acoustic facility were explored in both directions: (1) reverberation chamber to 

semi-anechoic room and (2) semi-anechoic room to reverberation chamber. The investigation reviewed 

the efficiency of the practiced flanking tests (use of plug and barrier material), and more extreme barrier 

constructions intended to attenuate noise from the opening absolutely (requiring the addition of several 

layers of barrier and absorptive materials).  
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Figure 11: Two images of the flanking plug. In the image to the left, the flanking plug is installed in the 

opening between the reverberant chamber and the semi-anechoic room. The microphone and acoustic 

insulation lining the semi-anechoic room walls is visible. In the image to the right, the flanking plug is 

removed from its test position. The six layers of sheetrock, with a wooden frame structure holding two 

layers of Roxul SAFE’n’SOUND insulation.  

 

 The inherent challenge of effectively attenuating high levels of noise emitting from the acoustic source 

in the source room towards the receiving room between microphones positioned approximately two 

meters apart created a significant challenge that was overcome by ensuring effective use of materials, 

and precise design and construction of the acoustic flanking plugs and fittings.  

Semi-anechoic room 

Flanking plug 

Flanking plug 

Microphone #2 on stand 
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Figure 12: Images of the acoustic fitting plug. The image on the right shows a sample clamped in using a 

frame to press and secure the sample in position during testing. 

 

The “absolute” flanking limits were calculated (the flanking limit was approached), as well as the expected 

levels of flanking resulting from non-ideal test conditions, and were normalized considering background 

levels and the acoustic source levels. A series of repetitive tests were performed to observe the 

convergence of the sound pressure levels measured in the receiving room with the continuous addition 

of barrier and absorptive material between the two rooms. The background noise levels were accounted 

for in the source and receiving rooms, and the difference between the two rooms was regarded as 

unremovable. The calculation of the flanking limits of each room as a function of frequency was done 

using  Equation 8: 

FF =
Lpfr − Lpbgr

Lpfs

 
Equation 8 

Acoustic fitting plug 
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Where 

 Lpbgr is the measured background sound pressure level in the receiving room. 

 Lpfr is the measured sound pressure level in the receiving room with the 

flanking plug installed and with the acoustic source on. 

 Lpfs is the measured sound pressure level in the source room with the 

flanking plug installed and with the acoustic source on. 

 

In the case of permanent (unremovable) flanking, FP, the Lpfr value measured is that of the receiving 

room with the maximum use of absorptive and barrier material use to prevent flanking absolutely. 

This additional information was useful in the development of the formulation to equate the 

computational and experimental results to account for discrepancies in their individual methodologies. 

 

2.3.5 ACOUSTIC DISTORTION 

In the context of an acoustic source in a confined volume, the near-field effects of sound waves reflecting 

off nearby surfaces and causing constructive and destructive interference are significant. This is in contrast 

to the measurement of the interference of sound waves in the far-field which are not significant.  

Provided the confined volume of the reverberation chamber and the semi-anechoic room, a quantification 

of the acoustic distortion was sought. The resulting distortion can be observed in the change of the 

spectral sound pressure level profile of the acoustic source (speaker) in a free field and the confined 

volumes. The acoustic distortion was calculated in Equation 9 [35]. 

The measured sound pressure levels with the source on were measured and the background sound 

pressure levels were accounted for. Measurements were conducted in the confined rooms, as well as in a 

very large room (low absorptivity). Several source positions, and positions of the microphone relative to 
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the acoustic source, were measured: (1) speaker facing a corner, microphone placed behind speaker (2) 

speaker placed in an open space, microphone placed in front of speaker, and (3) speaker placed in an open 

space, microphone placed behind speaker. As expected, calculations showed that the data was sensitive 

to directivity. The subscript –max refers to the maximum sound pressure level (across the measured 

frequency spectrum) in that set. 

ƺ =
Lpf(f)

Lpf−max 
−

Lpr(f)

Lpr−max 
 

Equation 9 

Lpf(f) = 10 ∗ log10 (10
Lpfm(f)

10 − 10
Lpbg(f)

10 ) 
Equation 9a 

Lpr(f) = 10 ∗ log10 (10
Lprm(f)

10 − 10
Lpbg(f)

10 ) 
Equation 9b 

 Lpfm(f) is the measured sound pressure level of the free field with the signal (noise) on 

 Lprm(f) is the sound pressure level of the room with the signal (noise) on 

 Lpbg(f) is the measured sound pressure level with no signal (noise) on 

 Lpf(f) is the sound pressure level of the free field having accounted for background noise 

 Lpr(f) is the sound pressure level of the room having accounted for the background noise 

 ƺ is the acoustic distortion, or damping, resulting from the confined space 

The first stage required confident measurement of the acoustic source with its settings and parameters 

measured in the acoustic rooms (reverberation chamber and semi-anechoic room). Speaker(s) and 

microphone(s) position and orientation in the acoustic room (relative to the nearest surfaces) is important 

to reproduce the conditions in the normalizing free-field case. The second stage requires a large room 

such that the environment can be considered as a free-field environment. The speaker(s) and 

microphone(s) should imitate the original position and orientation (in the confined volume) in the large 
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room. The measurements of the spectral sound pressure profile should be measured with the settings and 

parameters of the source unchanged.  

The frequency-dependent sound pressure level measurements are to be normalized with respect to the 

maximum value in the spectrum for each profile (free field and confined volume). The normalized values 

at each frequency of the two profiles are to be compared and the difference resulting from deviation from 

the free field environment is attributed to the confined volume. It is expected that the maximums will 

differ between the cases resulting from constructive and destructive interference of the sound waves in 

the confined volume (as well as position and orientation of the acoustic source). The application of the 

normalized fractions (percentages) can be applied as a function of the emitting noise levels of the source 

during testing in the confined volume. The numerical corrections can be applied so long as the DAQ 

measurement system (hardware and software) and its parameters remain unchanged. The corrections 

should be repeated periodically for calibration as the acoustic source and/or the laboratory’s acoustic 

properties may change with time. 

Careful attention was paid to the construction and assembly of the acoustic source. The speaker was 

selected to handle the power input and output associated with the existing amplifier. The DAQ hardware 

operated at ±10V to the amplifier, which output 660W/Ch at 4Ω. The speaker can operate accepting 150W 

continuous power, 300W for media play, and up to 600W peak. The circuit required to support this 

configurationcan is presented in Figure 13. The output of the circuit was measured prior to connection 

with the speaker. The volume potentiometer on the amplifier was set to maximum and the amplifier 

settings within the DAQ software were controlled to ensure against blowout.  
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Figure 13: The circuit for the loudspeaker. L1=0.6mH, L2=0.5mH, C1=10µF, C2=3.3µF, R1=R2=R3=R4=16Ω, 

ST2=positive terminal of tweeter, ST3=negative terminal of tweeter, ST1=positive terminal of woofer, 

ST4=negative terminal of woofer, ST6=positive terminal of amplifier, ST5=negative terminal of amplifier. 

 

The enclosure was built with a backing of sufficient volume to avoid distortion due to refraction, diffraction 

and/or internal reflection, and airtight to direct sound waves directionally from the front of speaker. The 

speaker ring was raised 10mm above the front surface of the enclosure to avoid distortion resulting from 

bending and reflection of sound waves around the speaker ring, see Figure 14. The criteria is described in 

ANSI S12.51, as a requirement for testing using an acoustic source of discrete-frequency components. 
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Figure 14: The Wharfedale TWIN 10 speaker in the constructed airtight enclosure. The image on the right 

demonstrates the raised ring. 

 

2.4 SUPPLEMENTARY TESTS 

The focus of this investigation is the computational and experimental study and vibro-acoustic analysis of 

various panels and constructions used on aircrafts. Additional interests were investigated that were 

indirectly related to the original problem, but complementary. These efforts are included and their 

contributions explored in this section. 

 

2.4.1 INSERTION LOSS AND SOUND POWER LEVEL DETERMINATION 

Following the identification of the problem and associated interests, it was evident that there was a need 

to commission an acoustic laboratory for testing. This necessitated consideration of the needs to calculate 

transmission loss (the principal quantity of interest of the investigation), insertion loss, and determination 
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of sound power level. Inclusion of these additional measures was convenient in that their standards were 

to be reviewed to establish good testing procedures, determination of acceptable specifications for 

acquisition and measurement, calculation procedures, and qualification of the acoustic facility. The 

investment of time to incorporate calculation of these additional measures offered improved insight and 

opportunities for analysis. 

Calculation of insertion loss is defined by ASTM E477 for applications with and without airflow. Insertion 

loss is another measure of the attenuation due to a product. The reduction in noise level is related to 

placement of the product between the source and a receiver interrupting the transmission path [46]. 

Insertion loss otherwise characterizes the reduced sound power level observed at the receiver with the 

product in place. Transmission loss is associated more with the airborne attenuation of sound (absorption, 

sound insulating). Transmission loss is otherwise defined by the ratio of the incident sound power on the 

product to the transmission and radiation of that energy on the opposing side [46]. 

The methodology for determination of insertion loss is listed and described in section 2.2. The calculation 

of insertion loss, IL, is possible once background noise levels, generated noise levels, and flanking are 

accounted for using Equation 10 through Equation 12 [41]: 

𝐼𝐿 = 𝐿𝑝,𝑒 − 𝐿𝑝,𝑠′  Equation 10 

Where the corrected silenced sound pressure level, 𝐿𝑝,𝑠′, considers the sound pressure level without 

the product in place (empty specimen), 𝐿𝑝,𝑒, and accounts for the corrected background sound pressure 

level, 𝐿𝑝,𝑏′ 

𝐿𝑝,𝑠′ = 10 ∗ log10 (10
𝐿𝑝,𝑒

10 − 10
𝐿𝑝,𝑏′

10 ) 
Equation 11 
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Where the corrected background sound pressure level is corrected considering the corrected flanking, 

𝐿𝑝,𝑓′, and corrected generated (airflow) noise, 𝐿𝑝,𝑔𝑛′, contributions 

𝐿𝑝,𝑏′ = 10 ∗ log10 (10
𝐿𝑝,𝑏′

10 − 10
𝐿𝑝,𝑔𝑛′

10 − 10
𝐿𝑝,𝑓′

10 ) 
Equation 12 

Where the corrected flanking and generated noise terms are corrected for high background noise 

levels, if applicable. 

The methodology for determination of sound power was possible through the direct calculation method, 

instead of the comparative method. The comparative method requires the use of a calibrated reference 

sound source (RSS). The emitting power of the RSS is considered known (through calibration), and the 

sound pressure level of the unit in operation is measured inside the acoustic room. The unknown sound 

power levels of the acoustic source are determined using sound pressure measurements and the 

associated ratio of the acoustic source of known sound power and pressure measurements. The 

difference in sound pressure is related to the change in sound power relative to the RSS. 

The calculation of sound power using the direct method is possible using Equation 13 [37] once the mean 

corrected (for background noise levels) 1/3 octave band time-averaged sound pressure level (𝐿𝑝(𝑆𝑇)
̅̅ ̅̅ ̅̅ ̅̅ ) is 

measured and calculated, the absorption (A) of the test room is measured, A0 is a reference absorption 

measure (1m2), the total surface area (S) and volume (V) of the test room is measured, the speed of sound 

(c) is calculated knowing meteorological conditions, and the mid-band frequency (f) of the sound power 

that is then calculated. C1 and C2 are reference quantity corrections correcting for meteorological 

conditions; see Equation 13a and Equation 13b. ps is the static pressure (kPa) of the test room, ps,0 is the 

reference static pressure (101.325kPa), 𝜃 is the temperature of air in Celsius, 𝜃0 is the reference 

temperature due to the characteristic impedance of air at reference static pressure and 𝜃1 is the reference 

temperature (296K). 
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𝐿𝑤 = 𝐿𝑝(𝑆𝑇)
̅̅ ̅̅ ̅̅ ̅̅ + {10𝑙𝑜𝑔

𝐴

𝐴0
+ 4.34

𝐴

𝑆
+ 10𝑙𝑜𝑔 (1 +

𝑆𝑐

8𝑉𝑓
) + 𝐶1 + 𝐶2 − 6} 

Equation 13 

𝐶1 = −10 ∗ 𝑙𝑜𝑔10 (
𝑝𝑠

𝑝𝑠,0
) + 5 ∗ 𝑙𝑜𝑔10 (

273.15 + 𝜃

𝜃0
) 

Equation 13a 

𝐶2 = −10 ∗ 𝑙𝑜𝑔10 (
𝑝𝑠

𝑝𝑠,0
) + 15 ∗ 𝑙𝑜𝑔10 (

273.15 + 𝜃

𝜃1
) 

Equation 13b 

 

2.4.2 MEASUREMENT OF VISCOELASTIC DAMPING MATERIALS PROPERTIES 

The composite assembly of materials that makes up part of the fuselage wall consists of a composite 

material. The composite material is a product of Aearo Technologies LLC (3M company) and is made up 

of an aluminum foil layer, a viscoelastic closed-cell foam layer, and an adhesive layer for bonding. 

Depending on the model, the viscoelastic foam layer consists of either a polyvinyl chloride compound 

(ADC-124, ADC-324) or urethane foam (ADC-1312, ADC-1512). ADC-124 was the only viscoelastic damping 

material incorporated into experimental testing and computational modelling. The adhesive layer is a 

white flame retardant pressure sensitive adhesive. For accurate (computational) predictions, several 

material properties were necessary to model the material. The specifications could not be obtained as 

they were protected as intellectual property. To model a damping layer as a viscoelastic material, 

Poisson’s ratio and Young’s Modulus are required. To model the layer as a porous material, the following 

properties are required: 

 Static flow resistivity, σ: a well-understood property that characterizes the material response at 

low frequencies due to viscous effects of the material. It is often described as a static pressure 

drop in response to a normal-directed volume flow. 
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The static flow resistivity of the material was not measured or calculated since the damping material could 

not be separated from the provided composite package without damaging the product. The property 

could be estimated using literature knowing the material composition and its porosity [47]. 

 Characteristic viscous length, Λ: a parameter used to characterize the material response at mid 

and high frequencies due to viscous effects of the material. This parameter is related to the 

interconnections between pores and its estimate is usually twice the “width”, or diameter, of the 

interconnection. 

The characteristic viscous length was estimated from images taken following microscopy. Images were 

captured, and interconnections were measured. A collection of measurements was used to estimate the 

parameter. 

 Characteristic thermal length, Λ’: a parameter used to characterize the material response at mid 

and high frequencies. In contrast to the characteristic viscous length, its hypothetical measure is 

related to the “radius” of the pore. 

The characteristic thermal length was estimated from images taken following microscopy. Images were 

captured, and pore sizes were measured. A collection of measurements was used to estimate the 

parameter.  

 Tortuosity, α∞: a property of the material’s structure describing the tortuousness of the porous 

network that characterizes the material’s response at high frequencies. The quality of being 

tortuous is a property of a curve’s twists. It describes the material’s internal ability to diffuse 

acoustic energy by describing and quantifying the complexity of the network (greater structural 

complexity increases absorption). 
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Tortuosity could not be measured or calculated. Tortuosity is a parameter of open-cell foams; therefore, 

the measure tends towards the upper maximum of tortuosity. This property’s range is estimated to be 

between 1 and 3 [48, 47]. 

 Porosity, φ: a measure of the quality of a material’s porous nature. The measure is described as a 

ratio of the empty, or void, volume of the total volume. 

Porosity was estimated from images taken following microscopy. Images were captured and imported 

into two image processing software packages: ImageJ and Image Color Summarizer. The former converts 

the image into a bichromatic image distinguishing void and material. The latter tool uses color clusters by 

reviewing every pixel of the image and partitions the image into distinct groups by distinguishing shades 

of colour. Both imaging processing techniques demonstrated good agreement with variability being within 

5%. The estimate used for porosity was the averaged value of both techniques. 

 Young’s modulus, E: the elastic modulus, is the measure of stiffness of the material generally 

indicative of a material’s behaviour within its the linear elastic limits. 

 Poisson’s ratio, 𝜈: the ratio describing the proportional change in a material’s dimension (e.g. x-

axis) relative to another (e.g. z-axis). 

Estimation of Young’s modulus and Poisson’s ratio were attempted through linear elastic techniques for 

solids. More specifically, the technique used is referred to as a flat ended cylindrical indenter was 

practised. This methodology was most practical since it was not possible to obtain a sample of only the 

damping material. The viscoelastic damping layer is only available as a composite (foam, adhesive layer, 

aluminum foil layer). The extra layers would therefore skew the results of alternative methodologies (such 

as a tensile test) and contribute negligibly in a compression test.  
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Cylindrical disks of various diameters were prepared and compressed using a MACH-1™ mechanical 

testing system by biosyntech (Biomomentum Inc.) with a 10kg load cell by Honeywell (AL312BL Mod 34 

Part SP296) with 0.5g resolution and a Newport Universal Motion Controller/Driver. 

The testing of each disk followed the procedure outlined below: 

1. Zeroing of the load on the load cell 

This ensures the load cell is not preloaded. 

2. Finding contact with the sample at a normalized value of 1g at a rate of 10µm/s 

This ensures that the platen of the load cell is in contact with the sample. 

3. Zero load of the load cell once disk is preloaded using at the defined negligible load 

The intention of this procedural step was to normalize the applied load for all samples. 

4. Finding contact with the sample at 5g at a rate of 20µm/s 

5. Wait 5 seconds 

Allowing for relaxation of the viscoelastic foam. 

6. Find contact with the sample at 10g at 20µm/s. 

A secondary normalizing load before immediately straining sample to target measure. 

7. Compression of sample to strain of 25% using a strain rate equal to a 20% of the value of strain 

(e.g. 1000µm at 200µm/s) and save results as “Test” 

Application of pressure on the surface of the disk to 25% strain (to, cautiously, remain within the 

linear elastic region). A strain rate that is too low would allow for relaxation of the material, while 

a strain rate that is too high would make it challenging to capture the response of the thin disk 

accurately with enough resolution. 
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8. Measurement of the stress relaxation response of the sample and append saved results in “Test” 

An additional test that could be performed conveniently. It describes the viscoelastic behaviour 

of the material which could be modelled using a Kelvin or Maxwell model.  

9. Remove load 

10. Wait 2 minutes 

Allowing for recovery of deflection. 

11. Find contact and save results as “Post Test” 

Measuring any residual deflection and associated strain. No significant residual strain was 

observed on any sample where testing was successfully completed. 

Calculation of Young’s modulus was possible by calculating a section of the slope of the linear elastic 

response associated with Step 7. of the viscoelastic testing.  Calculation of Poisson’s ratio was attempted 

through Hayes’ formula [49], reproduced in Applied Mechanics of Solids [50]: 

P

h
=

2𝐸𝑎

1 − 𝑣2
 Equation 14 

Where P is the applied load, h is the thickness of the sample, E is Young’s Modulus, a is the radius of the 

cylindrical disk sample, and 𝑣 is Poisson’s ratio. The samples were chosen to be circular in cross-section 

such that expansion of the samples would ideally be equal in all directions. Calculation of Poisson’s ratio 

was also attempted through measurement of the cylindrical disks immediately after the compression test 

of the material in its compressed state during the relaxation test (it was not possible to measure the cross-

section during testing). Measurements of the diameter were performed before and after the test using a 

calibrated Vernier caliper (Absolute Series 500 Coolant Proof IP67) to 0.01mm resolution. 
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2.4.3 ACOUSTIC ABSORPTION MEASUREMENTS OF VISCOELASTIC DAMPING MATERIALS 

A measurement of the absorptivity of the viscoelastic foam material was attempted. The intrinsic difficulty 

arising from the assembly of the composite challenged an accurate measurement of the acoustic property. 

More descriptively, the composite (0.03in thick) consists of two large faces, the first of which is lined with 

0.005in aluminum foil and the later an adhesive and temporary film. The exposed surface area of the foam 

(0.25in) for acoustical absorptive measurement is limited.  

The testing methodology followed ASTM C423 which measures the difference in the Sabine coefficient 

between the reverberation chamber with and without the material sample. The Sabine coefficient 

depends on the decay rate, volume of the chamber and the speed of sound. The sample was placed flat 

along a surface in the reverberation chamber. The difficulty was alleviated by directing the microphone in 

a direction dominated by the reverberant field and positioning a large sample of the damping material 

(aluminum foil against room surface) near the acoustic source. An additional investigation compared the 

position and location of the material’s placement; the material was positioned directly in front of the 

acoustic source which faces the corner of the reverberation chamber. 

The expression to calculate the absorption of a product is based on knowledge of the absorptivity of the 

room, and the change (increase) in absorption once the material is added to the room. The change is 

attributed to the material; see Equation 15 [45]. 

α =
𝐴2 − 𝐴1

𝑆𝑚𝑎𝑡𝑒𝑟𝑖𝑎𝑙
+ 𝛼1 

Equation 15 

Where α is the absorption coefficient, A is the Sabine absorption coefficient (subscript 1 denotes the 

acoustic facility without the material and subscript 2 denotes the acoustic facility with the material), 

𝑆𝑚𝑎𝑡𝑒𝑟𝑖𝑎𝑙 is the surface area of the material and α1 is the absorption of the surface that is covered by the 

material. 
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2.4.4 VIBRATION MEASUREMENT AND RESONANCE 

The principal performance metric of the investigation is a measure of the acoustic attenuation of test 

samples; the product of an acoustic-vibro-acoustic analysis. The dynamics of structural vibration is a 

product of the acoustic excitation load, but also an intermediate condition to the acoustic response of a 

vibrating structure. Implicitly, if measurement and prediction of the acoustic response are in agreement, 

then the structural response (to the acoustic excitation) of both methodologies are also in agreement. 

This relationship between acoustics and vibration also describes vibro-acoustic reciprocity.  

It is by this deduction that the comparison of the computational and experimental methodologies pursue 

determination of the acoustic response. 

The principles of vibro-acoustic reciprocity and the resonance properties of samples were investigated 

using vibration measurement methods. Though modal analysis may be favourable analytical tool, the 

strategies are involved (exhaustive testing) and complex (a function of many parameters). Generally, 

modal analysis is used to determine the natural frequencies, a measure of damping, and the mode shapes 

of a structure. The efforts herein explore (lightly processed) measurements using elementary techniques 

and automated DAQ measurement systems. The interest explores various excitation methods to observe 

response peaks at the natural frequencies of the sample and correlates the measured values against 

computed frequencies. The work presented in this section is most recent and is distinctly supplemental. 

It was inspired by Oberst-style testing for determination of dynamic properties of materials. 

A number of different excitation methods were used to review coherence of the signal and output, and 

their effects: (1) an impulse hammer, (2) an acoustic source emitting broadband noise, and (3) an acoustic 

source emitting discrete (tonal) noise. The use of acoustic excitation is not new; however, it is significantly 

less common. The practice is advantageous in that it gives the testing technician a significant degree of 
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control of the excitation source, it is contactless (avoids double strikes, incorrect strikes, variable strikes), 

and it can reduce the noise transferred along with the excitation signal [51]. Some disadvantages include 

a need for large magnitude acoustic pressures to excite the structural components, required proximity, 

inability to isolate an excitation point (multiple input system instead of single input system) and the 

environmental conditions of and around the acoustic source and test specimen [18, 51]. 

The objective of the investigation was to acknowledge resonant frequencies predicted from 

computational simulations, and to confirm and present evidence of reciprocity between vibration and 

acoustics. 

Test equipment made use of a laser vibrometer (Polytec Scanning Vibrometer PSV 300), which measured 

the velocity of the panel vibrations. Data was collected at very fine (frequency) resolutions between the 

frequency range 0.5Hz to 40kHz with smaller bandwidths for more specific measurements (to avoid 

significant noise at higher frequencies). The laser was directed perpendicular to the panel positioned 

approximately 3m away from the laser. 

The panels were mounted at the height of the laser head, installed in the acoustic plug for testing. The 

panels were secured in X, Y, and Z, and about X, Y, and Z. Hammer strikes were directed on the center of 

the panel, while four measurements were completed in the bottom-right quarter-quadrant. The four 

measurement points include: (A) near-center of the panel, (B) mid-point between the center and right-

edge of panel, (C) midpoint between center and bottom-edge of panel, and (D) in the center of the 

bottom-right quadrant. See Figure 17 (left) for the 0.063in panel with the markings displayed; it is 

important to note that the panel is rotated 90° in the counter clockwise direction in the image. 

The acoustic source for both broadband and discrete noise generation was positioned behind the panel 

relative to the laser. The speaker was positioned approximately 5in away from the panel and was mounted 

using damping pads and a separate stand to avoid any structure-borne vibrations from the speaker to the 
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plug to the panel. Output noise levels for frequencies between 20Hz to 20kHz were between 85dB and 

105dB with a relatively flat response (as possible using the 1/1 octave band equalizer). Microphones were 

positioned in front and behind the panel to measure the sound pressure level (as a function of frequency) 

of the acoustic source. The microphones were used to confirm the tonal frequency during discrete noise 

emission.  

Measurements were completed by the laser and associated DAQ measurement system and software. The 

data was processed using a Hanning window with no other modification. The system integrates a digital 

filter, and an analog filter to reject alias in measurement, described more thoroughly in section 4.6.4. 

The measurements in their raw form is presented in section 4.6.4. The associated interpretations are 

consistent with findings in literature [18]. 

 

2.5 SECTION SUMMARY 

This section reviewed the efforts in commissioning an acoustic facility. These tasks included the 

construction of the reverberation chamber and the semi-anechoic room, the assembly of a DAQ 

measurement system, the development of the DAQ measurement program, the development of post-

processing techniques, establishing testing protocols (conforming to the principles of international testing 

standards) and the review of necessary qualification tests (conforming to the principles of international 

testing standards) to ensure confidence in reported results. Supplemental investigations that developed, 

improved and/or provided insight were also described. Decisions made during the commissioning of the 

acoustic facility were conscious of the needs of the computational methodologies to be presented in the 

following section. 

Having established a repeatable and reproducible experimental testing methodology, the measurements 

will be used to calculate the transmission loss of various samples to observe the effects of changes in 
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panel geometry and the use of damping materials (Chapter 4, section 4.2 and 4.4). The experimental 

measurements will also be used to define the initial conditions of the computational methodology 

(Chapter 3, and Chapter 4, section 4.3).  The successful commissioning of the atypical acoustic facility and 

the development of an experimental testing methodology is supportive of the first and second novel 

contributions, respectively, described in Chapter 1 and in section 1.5. 

The comparison of experimental and computational results will be described in section 4.4, with a review 

of the expected variability in results in section 4.5. The identification of the relationship between 

computational predictions and experimental results (or the association of the computational and 

experimental methodologies) is supportive of the fourth novel contribution described in Chapter 1 and in 

section 1.5.
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Chapter 3 COMPUTATIONAL METHODOLOGY 

The purpose of the following section is to describe the details of the computational methodologies. The 

associated tools support the third novel contribution that is identified in Chapter 1 and in section 1.5. 

Specifically, two modelling approaches (BEM-based and FEM-based) are presented separately. The 

associated findings are presented in Chapter 4. The BEM-based strategy concerns itself with the 

determination of the structural analysis (modal analysis), evaluation of the vibro-acoustic response 

(modal-based analysis), and the acoustic response of the model. 

A computational methodology was developed to model the vibro-acoustic behaviour of a model that is 

representative of a section of an aircraft’s fuselage wall. A number of different computational systems 

(computers) were used for simulating the investigated problem as the model developed in complexity 

resulting in increased computational requirements: 

 System 1: An HP xw8400 Workstation supported by an Intel Xeon 5150 CPU capable of operating 

at 2.66GHz (4M cache), and 16GB of RAM (667MHz FB-DIMM) 

 System 2: ASUS G55VW laptop supported by an Intel i7-3630QM CPU operating at 2.4GHz (6M 

cache, turbo up to 3.4GHz) with hyper-threading capabilities (capable of managing 8 threads in 

parallel), a 750GB HDD (7200RPM), a NVIDA GEFORCE GTX 660M graphics card with 2GB of 

dedicated memory, and 32GB of RAM (1600MHz DDR3) 

 System 3: An ASUS G752VY laptop supported by an Intel i7-6820HK operating at 2.7GHz (8M 

cache, turbo up to 3.6GHz) with hyper-threading capabilities (capable of managing 8 threads in 

parallel), a 512GB SSD (m.2) (supported by a 256GB SSD (m.2) and a 1TB HDD (7200RPM), 

internally), a NVIDIA GEFORCE GTX 980M graphics card with 8GB of dedicated memory, and 64GB 

of RAM (2133MHz DDR4) 
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A series of tools (software packages) were used for the computational analysis of the problem. SolidWorks 

was used to render the complex computational models that were imported into LMS Virtual.Lab. LMS 

Virtual.Lab incorporates several solvers such as BACON, SYSNOISE [7], SAMCEF (block Lanczos), and 

NASTRAN [8]. LMS Virtual.Lab is the multi-physics solver that is capable of simulating various physical 

environments, conditions and outcomes.  Additional tools were used for intermediate or investigated 

purposes, such as ANSYS and ANSA for complex meshing and LDS Dactron Photon II for DAQ measurement 

and processing. Post-processing of experimental data was investigated in LABVIEW and MATLAB, but 

ultimately completed using Microsoft Excel due to greater control and manipulation of measurement 

data. 

BEM is a numerical computational method that solves partial differential equation(s) using integral 

equation(s) producing exact solutions, whereas FEM approximates the partial differential equations using 

polynomial functions. Additionally, FEM requires the complete modelling and meshing of the volumes of 

interest which can be time consuming, tedious, and challenging, while BEM does not require a 3D mesh 

of the entire modelling space and can opt for 2D elements instead of 3D elements for certain surfaces. It 

is for this reason that BEM is sometimes referred to as a mesh reduction method [52]. Since BEM only 

requires definition of the boundaries, it greatly reduces the required computational effort of the problem. 

The mathematical processes of BEM are superior in particular applications since the integration operation 

is more accurate and precise, otherwise considered an exact solution, whereas the mathematical 

processes of FEM implement differentiation operations. Again, FEM utilizes polynomial approximation 

functions to fit the solution of the partial differential equations, such as the analysis of the wave equation 

first presented in Equation 4 and again in Equation 16 as a time-harmonic function. However, BEM cannot 

be declared a superior methodology, since modelling of the application requires consideration of 

additional factors that may favour one technique. For instance, unbounded fluids or exterior problems 

(wave propagation) may favour BEM, whereas structural analysis and bounded domains may favour FEM 
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[53]. FEM is described among the more reliable modelling techniques “simulating acoustic scatting with 

many meaningful investigations” but also suffers from “the low calculating accuracy deficiency” [54]. The 

article is focused on the vibro-acoustic problem dealing with a shell configuration that interacts with a 

fluid medium using a (coupled) smoothed finite element method (S-FEM) model. The paper capitalizes on 

widespread interest in modelling of passenger compartments (trains, aircraft, automobile) and pursues 

an investigation on the coupled vibro-acoustic behaviour. With a particular interest in the accuracy of 

specialized hybrid approach, there’s also review of the mesh type and mesh shapes. They observed that 

S-FEM can produce more accurate results than standard FEM models [54].   

∆p(x, t) =
1

c2

𝜕2𝑝(𝑥, 𝑡)

𝑑𝑡2
 Equation 16 

The evaluation, or the approach, is based on Green’s Function, or Green’s Theorem, which is sometimes 

referred to as the fundamental solution [55, 52]. The exhaustive derivations of Green’s Functions in 

evaluating the partial differential equations, or discretizing them as part of the BEM methodology 

(integrating the problem) is often omitted or abridged such that it cannot be identified [56]. Analyses 

solved using FEM are discretized through many methods (such as Galerkin Methods). Through variational 

methods, the problem is converted to a weak problem (such that the solution is not meant to be held 

absolutely). These weak solutions can be used in various applications such as three-dimension elasticity 

problems (using a Galerkin-collocation technique) [57]. The solutions of the weak problem are referred to 

as weak solutions, or weak statements; comparable to an approximation, estimation, or a distribution of 

solutions [56]. Collocational methods (or hybrid variational collocational) enforce collocation points such 

that the converted problem requires a strong solution, or strong statement [58]. It is through expansion 

of these formulations that more advanced, or hybrid, solutions such as fast multipole methods (FMM) and 

fast multipole boundary element methods (FBEM) have advanced successfully [52, 59]. More specialized 

applications where the analysis of two acoustic media (or “regions”) is observed (such as mufflers, use of 
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large absorptive materials) have led to other advanced techniques such as multi-domain boundary 

element methods [55]. Both solutions use an impulse response to solve partial differential equations using 

known initial or boundary conditions. There is significant work on various modelling approaches and 

studies comparing various techniques. For instance, Troyani and Perez compared a FEM model against a 

BEM-FEM model to compute the elastic-viscoelastic response in composite media. The proposed FEM 

model demonstrates “very good accuracy, robustness and stability” when compared to the reference 

FEM-BEM results [60]. This is a single instance demonstrating that various methodologies can yield similar 

results; the accuracy and precision in contrast to real-world problems is subject to further investigation in 

every study.  

The computational demands of a complex geometrical (and material) composite construction exceeded 

feasible limits for computational time for the BEM-based (method of superposition) computational 

methodology; this is due to large modal density at values greater than 500Hz [47]. The method of 

superposition uses structural displacements and acoustic pressure in its methods of calculation. It also 

symmetrizes the system of equations for its physical coordinates prior to solving it [8]. A second 

computational methodology is proposed that utilizes the principles of FEM. This computational 

methodology used the direct approach that solves the system of equations of the structural component 

using the properties and materials applied to the elements of the model [8]. It is common to implement 

BEM-based and FEM-based analyses for the prediction of low- and mid-frequency range(s) [61]. A 

combination of the techniques is often implemented, as is in this investigation, by modelling the structural 

component using FEM and the fluid component using BEM [61, 62].  

Specifically, the modelling efforts consist of several tasks that begin with modelling or importing a CAD 

model. It is generally accepted that the mesh resolution depends on the frequency of interest, or 

equivalently on a set number of elements per wavelength (or to specify size of elements). Where an upper 

limit of 20kHz is of interest, the respective wavelength is approximately 0.017m; necessitating a dimension 
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equal to 0.00283m (an element size of 2mm to 2.5mm was used herein depending on size of model).  The 

meshes satisfied the six elements per wavelength requirement herein (up to 10) [8, 63]. The criteria of six 

(to ten, depending on application) elements per wavelength is a specification within the technical support 

manual [8]. A series of simulations demonstrated that the predictions converged sufficiently with no 

significant variation (within 0.5dB) for six elements per wavelength. The use of more elements per 

wavelength increased computation time noticeably. This discussion on sample size is specific to the 

structural and acoustic meshes, specifically excluding the field point mesh. The resolution of the field point 

mesh is not relevant for evaluation of the solution of the model, but relevant in the spatial resolution of 

the output. Alternatively, consider a function set or vector set of results at a point or on a plane, the 

resolution of the field point mesh is a presentation of the results at the point(s) of interest. The panels 

were modeled using shell (2D) elements due to their thickness. In the case of the viscoelastic closed-cell 

foam, 3D elements (quadrilateral) were used to mesh the volume. Early modelling efforts insisted on six 

elements per its thickness and 2mm to 2.5mm measures for its other dimensions. Technical support 

encouraged an alternative practice of extruding mesh elements for the core from the panel surface to the 

foil surface [64]. Unlike other modelling techniques, three different classifications of meshes are required 

in LMS Virtual.Lab’s software for vibro-acoustic analysis: a structural mesh, an acoustic mesh, and a field 

point mesh. The structural mesh consists of the elements and nodes used for structural analysis, whereas 

the acoustic mesh is used for the translation of energy between the structure and the fluid (principally 

modelling of the fluid), or as is described in the software as part of the acoustic mesh preprocessing set. 

The field point mesh takes many forms and is not confined or constrained to any shape or size. A 

hemispherical (or fraction of a hemispherical) mesh is often used, though dissecting planar meshes are 

also common. The (fractional) hemispherical mesh captures the quantities of interest at a defined distance 

away from the object(s) being modeled.  
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The user is required to specify the materials and the properties of the contents of the model. For instance, 

one must specify the materials (e.g. air, aluminum, steel, damping material) and the material properties, 

and then the property relations of the material, e.g.: 

 Acoustic properties (fluid property, absorption, transparency, resistance) 

 Structural properties (1D-, 2D-, or 3D-mesh, composite, poro-elasticity).  

The user further develops the model by specifying restraints of the model which may take the form of 

points, edges, or surfaces of the model in any or all degrees of freedom (translation in x-, y-, z-axes and 

rotation about x-, y-, z-axes).  

Having stressed the importance of initial and boundary conditions in BEM, technical information is 

required for useful dynamic analyses. Knowledge of the type of excitation source and the format of data 

is required. For instance: 

 Physical loads are a common method of exciting structures. Three common methods to model 

the TBL include mean-square pressure models (estimation of the root-mean square of the 

pressure fluctuations), single-point wall-pressure models (the use of pressure or power spectra at 

a single point on a structure) and normalized wavenumber-frequency spectrum models 

(distribution of acoustic spectra using wavelength distributions) [6]. 

 A force excitation can accept data in units of force, acceleration, or velocity 

 An acoustic source can accept data in physical units of acoustic power and pressure, and in 

(logarithmic units of) decibels 

Careful attention was exercised in simulating the experimental circumstances, such as position and 

distance between acoustic source, panel, and microphone measurement positions. Early computational 

efforts have focused on panels of varying thicknesses, such as 0.04in (0.1016cm), 0.05in (0.1270cm), 
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0.06in (0.1524cm), 0.079in (2mm), 0.158in (4mm) and 0.197in (5mm), and milled versions of the 0.05in 

panels. Later computational models involved with experimental verification focused on panels of varying 

thickness equal to 0.04in, 0.063in (milled), 0.063in (milled) with damping material (PCF), 0.063in, 0.063in 

PCF, and 0.09in panels. See images in Figure 15 through Figure 17. To quantify the milled pocket area, 

approximately 64.3% of the panel surface area is milled.  

  

Figure 15: 0.04in (left) panel and 0.09in (right) panel. 

 

  

Figure 16: 0.063in (milled) panel (left) and 0.063in (milled with damping material) (right) panel. 
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Figure 17: 0.063in (left) panel and 0.063in (with damping material) (right) panel. 

 

To control flanking in the BEM computational methodology, a baffle (an impermeable acoustic) symmetric 

plane was inserted and interfaced with the acoustic mesh and associated with a transparent panel 

property that permits transmission of energy through the panel across the defined area (acoustic mesh). 

The author reviewed computational and experimental data in the post-processing stage to account for 

differences. 

 

3.1 BEM COMPUTATIONAL METHODOLOGY 

The computational methodology implementing the BEM strategy requires a structural mesh, an acoustic 

mesh (often a bounding envelop of the structural mesh), and a field point mesh (mesh or points of interest 

in the acoustic field). The structural mesh is associated with the structural modal analysis. The structural 

mesh and the acoustic mesh are required for the vibro-acoustic modal analysis. The field point mesh is 
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associated with the acoustic field analysis. The aforementioned meshes are all discrete meshes; since the 

boundaries (inputs and outputs at points of interest only) need to be defined. 

The meshes can be either 2D or 3D, predominantly depending on the thickness and required mesh 

(element) density of the model. Within the analyses performed herein, a number of investigative tests 

considered 2D and 3D mesh constructions. In favour of computation time and application, 2D meshes 

were selected. Considering the geometric scale (required number of 3D elements per thickness of panels), 

2D elements are considered the proper modeling approach. 

A feature called mesh mapping, is used to couple the structural and acoustic meshes. A number of 

algorithms are possible: (1) number of nodes, where the number of nodes from the source mesh influence 

a node in the target mesh (2) maximum distance, number of nodes from the source mesh to affect a node 

within a specified radius (3) element maximum distance, is an algorithm that focuses on the previous two 

algorithms but is restricted to the nearest element  (4) conservative maximum distance, which is most 

suited for vibration and aero-acoustic problems where the target mesh is coarser than the source and the 

interest of the algorithm is to preserve (or conserve) data over large flow scales as a function of as a 

function of radius from nodes or number of influenced nodes, and (5) conservative force mapping, where 

the forces on the source mesh are converted to pressures before being transferred to the target mesh 

and back to forces. The mesh mapping set used in this investigation used (3) element maximum distance, 

considering 8 elements (surrounding elements of a shell element) within a radius of 2.5mm. This is 

preferred to (1) and (2) since it accounts for both algorithms. Moreover, the results are not significantly 

different since the meshes are 2D (single layer). Algorithms (4) and (5) are less applicable, though (5) 

considers mapping statistics and uses vectors (whereas the analyses within this investigation use functions 

to output desired sound pressure results).   
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A mandatory acoustic mesh preprocessing set must import the acoustic mesh to detect free edges, surface 

junctions, and sub-domains, correct for element normal (direction), and create continuity conditions for 

the acoustic mesh; which is done autonomously by the software. The material properties (isotropic, 

anisotropic, fluid, solid), and the model properties (associates material properties and the model) must 

also be specified. The user can create mesh groups to isolate sections of the meshes to differentiate it 

(different materials or properties). These groups are also used to create boundary conditions, for instance, 

the edges of the panel were isolated as a group and used to restrain the system in, and about, each axis. 

Symmetry axes can be inserted (advantageous in reducing computational demands of symmetric models), 

which also includes a baffle plane which was introduced to simulate two distinct rooms, also requiring the 

creation of a transparent panel property along the intersecting face of the mesh with the plane to allow 

for transmission of energy from one side of the plane to the other. 

Load function sets (or vector sets) are used to import or create the initial conditions (regarded as a 

function, or array of data). The inputs for the acoustic source are imported this way from experimental 

measurement and calculation. An acoustic source boundary conditions and sources set is included which 

is used to create an acoustic source (specifically monopole or distributed plane wave), which refers to the 

created load function (or vector) set.  

The following cases refer to the aforementioned described tools and features.  

 

3.1.1 STRUCTURAL MODAL ANALYSIS 

The first step in modelling requires calculation of the resonant frequencies of the structure. The 

importance of the resonant frequencies lends itself to the theory introduced in section 1.3; specifically, 

vibro-acoustic reciprocity. The natural frequencies of the system are calculated with consideration of the 

specified restraints. The user also specifies the modal damping percentage, synonymous with the critical 
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damping ratio, has the option to activate or deactivate modes, modify modal mass parameters, and 

calculating mode indicators (local or global). 

The fitting plug that secured the panel between the reverberation chamber and the semi-anechoic room 

prevented rotation of the panel about its relative X-, Y- and Z- axes, while also restricting translation in 

the X-, Y- and Z-axes; this is noticeable in Figure 12. This information was used to apply constraints on the 

edges of the panel such that it was restrained in these six (6) degrees of freedom. This is representative 

of the design conditions of the panels on an aircraft that are riveted thoroughly. Additional analyses 

demonstrated, consistently, that the reduction of the number of restraints reduced the transmission loss 

performance of the panel. 

The structural modal analysis case is defined between 1Hz and 34kHz (software recommendation to have 

structural modes up to 2.5 times the acoustic range of interest, but for frequencies as high as 20kHz, 1.5 

times is sufficient). 

A mode set is not necessary, but enables greater control and manipulation of the model. The mode set 

imports the modes calculated from the model and permits specification of a damping value (for instance, 

as a percentage) of select, or all, modes. Following completion of the structural modal analysis simulation, 

the results were imported into a mode set and a 3% global damping value was applied. 

 

3.1.2 VIBRO-ACOUSTIC MODAL ANALYSIS  

The vibro-acoustic analysis requires input from the previous analysis stage, definition of the excitation 

(acoustic excitation), coupling of the structural and acoustic meshes, definition of the frequency range, 

data output type (vector, scalar), and a few additional properties and/or functions. Three solution cases 

are available: modal superposition, modal projection and direct.  
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Modal superposition has structural displacements and acoustic pressures as unknowns and uses the 

vibrations of the system to uncouple the equations of motion. Each uncoupled equation is then solved 

independently and the superposition gives the solution to the original equation. 

Modal projection can be used to calculate the damping of flexible bodies (localized damping) such as 

composites. Analytically, modal projection is similar to superposition in the assumption that damping is 

diagonal in the modal mass matrix, modal stiffness matrix, and modal damping matrix; whereas the modal 

damping matrix is not necessarily diagonal in modal projection. 

The vibro-acoustic modal analysis solvers in LMS Virtual.Lab are capable of complex eigenvalue analyses 

which are useful in calculating the damping information. The simulation is evaluated across the entire 

frequency range at 1/12 octave band resolution, where the results are saved as vectors (to be used as 

functions at the field points). It is important to select a 1/12 octave band resolution so that the calculation 

of the sound pressure values in 1/3 octave band resolution at the field point meshes do not depend on 

only 1/3 octave band values (this is comparable to calculating the average of a single point). The solver is 

evaluated using IBEM (indirect) model formulation; suggesting the fluid is not bound.  

  

3.1.3 ACOUSTIC FIELD ANALYSIS 

The acoustic field analysis requires input from the previous stage of analysis with specification of the field 

points of interest. There are a number of post-processing tools available to display the data in a desired 

format, such as display of data, conversion into 1/1 octave bands, 1/3 octave bands, averaging (RMS, RSS), 

integration of collective data, sum of data, and inclusion and exclusion of contributing noise source(s). 

See Figure 18 for a screen capture of the BEM model. 
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Figure 18: Screen capture of the proposed BEM-based computational model approach. The right-bound 

hemisphere is the distributed plane wave (DPW), the dark black square rendering is the modeled panel 

(restrained in X, Y, Z, and rotation about X, Y, Z), the window frame around the panel is visualizing the 

impermeable baffle plane, the left-bound hemisphere is a field point mesh (specifically for sound power 

calculation), and the asterisks on the leftmost area of the image are field points for sound pressure 

prediction. 
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The acoustic field analysis is completed across the entire frequency range and the results at the field points 

are saved as functions. The results can then be exported for comparison against experimental results. 

 

3.2 FEM COMPUTATIONAL METHODOLOGY 

The computational methodology implementing the FEM strategy differs from the BEM methodology. 

Principally, it requires a structural mesh of the panel, an acoustic mesh of the fluid volumes on both sides 

of the panels, an acoustic mesh of the panel, and field point meshes. The methodology also requires the 

use of mesh groups to section off several faces (planes) and bodies (volumes) for the solvers. The 

methodology makes use of an automatically matched layer property; a surface accepting or emitting 

radiation of sound energy.  

In place of the mesh mapping set, the FEM methodology requires that the coupling surfaces be defined 

using a coupling set. A mesh grouping must define the component of the structural mesh (which is called 

the wetted mesh group) that is to be associated to the component of the acoustic mesh (called the wetting 

mesh group). This association must be defined on each acoustic fluid section that is interfaced with the 

product being analyzed (both sides of the panel). Each coupling surface identifies the aforementioned 

groupings, and must define the coupling type (one side or both sides). In this investigation, the coupling 

type is defined to be one side. The acoustic source radiates energy towards the panel causing it to vibrate 

which in turn radiates energy on the opposite side. Though the panel does reflect and radiate energy in 

the reverse direction, this is negligible in contrast to the direct path from the source; if it was not, the 

coupling type would be defined as both sides. 

The materials, the model properties, the use of mesh groups (for restraints, differentiation of distinct 

sections of the meshes, load function (or vector) sets, acoustic boundary conditions and sources, are 

similarly defined and included in the FEM methodology as in the BEM methodology. 
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3.2.1 DIRECT VIBRO-ACOUSTIC RESPONSE CASE  

The direct vibro-acoustic response case has structural displacements and acoustic pressure as unknowns 

and uses the properties and materials specified to the elements of the model to solve the system of 

equations. Additionally, the user specifies an input (acoustic boundary condition), the type of vector 

outputs of interest (potentials, structural displacements, acoustic results), the restraints, the coupling 

surfaces between the structural and acoustic meshes, output points for the field point meshes, and the 

constraints for the outputs (frequency range and step, type of algorithm). 

The direct case utilizes physical degrees of freedom as variables which is computationally exhausting but 

considered to be most accurate. Essentially, modal matrices are returned in modal space that account for 

thickness, structural damping modification, and other parameters, which are used to calculated modes 

for a modified system. It is comparable to the transformation of a large system into many smaller 

subsystems that are evaluated (stiffness, mass, damping). 

The direct vibro-acoustic response case is simulated across the entire frequency range in 1/12 octave band 

resolution for the same reasons as the BEM methodology’s vibro-acoustic modal analysis. The solver is 

set to evaluate using FEM Adaptive Order (FEMAO) instead of standard FEM techniques. The FEMAO mesh 

uses the standard setting (8 elements per wavelength) (in contrast to coarse that uses 4 elements per 

wavelength or fine that uses 20 elements per wavelength). A repeated simulation shows no difference 

between standard and fine settings for this scale and conditions of analysis. 

FEMAO uses high-order adaptive FEM techniques. It uses a high-order polynomial that allows for a more 

powerful representation of the pressure (using shape functions) inside each element. These 

representations are vertex (a maximum at the corner of an element), edge (a maximum at the edge of an 

element), face (a maximum at the face of an element), and bubble (a maximum in the center of the 
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element). More explicitly, the solver improves the modeled mesh, including localized refinements. FEMAO 

is however limited when using poro-elastic materials in simulation. 

See Figure 19 for a screen capture of the FEM model. 

 

Figure 19: A screen capture of a section of the composite panel. The leftmost rounded layer is a volume 

mesh of the fluid on the exterior of the panel, the adjacent layer immediately to the right is the panel, 

followed by the thicker viscoelastic closed-cell foam damping material (demonstrating extruded mesh 

elements between panel and aluminum foil layers), and an aluminum foil layer (rightmost). 

 



  86 

3.2.2 ACOUSTIC FIELD ANALYSIS 

As described in section 3.1.3, the acoustic field analysis relies on the results from the previous stage of 

analysis. The direct vibro-acoustic response case saves the potentials on the entire acoustic mesh, results 

at the field points, and the structural displacements at the nodes. The acoustic field analysis can then 

display the sound pressure data in fractional octave bands and in desired units (real or dB).   

The analysis is completed at 1/3 octave band resolution, with results at field points saved as functions. 

See Figure 20 for a screen capture of the FEM model. 

  

Figure 20: A screen capture demonstrating mesh grouping properties. On the image to the left, the AML 

surface (curved) is distinguishable in the darker coloured shade, followed by the wetting surface that is 

distinguishable by the lighter coloured shade, and the wetted surface that is distinguishable by the darkest 

shade coincident on the wetting surface. On the image to the right, the AML surface (curved) is 

distinguishable in the darker coloured shade, followed by the wetting surface that is distinguishable by 

the lighter coloured shade, and the wetted surface that includes two mesh groups (one that resembles a 

window frame, and a second group that interfaces along the aluminum foil and the fluid boundary). 
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3.3 SECTION SUMMARY 

This section presented two computational methodologies: a BEM-based approach and a FEM-based 

approach. The BEM-based approach utilized modal analysis techniques to predict the structural and the 

vibro-acoustic, and radiation and scattering theory to predict the acoustic behaviours of the samples. The 

evaluation of the eigenvalue problem provided great insight in the resonant properties and qualities of 

the structural panel and varied geometries. Due to computational limits associated with high modal 

densities beyond 500Hz, a FEM-based approach was developed utilizing a direct analysis technique to 

calculate the vibro-acoustic behaviour of a panel with a viscoelastic closed-cell foam damping material. 

The computational methodologies were conscious of the experimental circumstances and were 

developed to be as representative as possible. More specifically, the two-room transmission loss test 

setup was imitated by separating two volumes using a baffle symmetry plane in the BEM-based approach 

and by creating two volume meshes for the fluid (on both sides of the panel) for the FEM-based approach. 

The computational predictions are presented in the following section, along with the comparison and 

association with experimental measurements. 

The association of the predictions with experimental results is an effort to demonstrate confidence in the 

modelling strategy. Accurate predictions using the described methodologies are advantageous for use in 

the development of new design solutions to existing and future engineering problems. Moreover, through 

a reverse engineering process, the computational methodology can be used as a diagnostic tool providing 

insight into anomalies observed in experimental results (of a test setup or of a product in operation). The 

successful development of the computational methodologies for modelling the acoustic-vibro-acoustic 

behaviour of a section of aircraft fuselage wall that is representative of the aero-vibro-acoustic problem 

is supportive of the third novel contribution described in Chapter 1 and in section 1.5. 
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Chapter 4 ANALYSIS OF RESULTS 

The content presented in this section reviews computational predictions and experimental 

measurements. These results contribute towards affirming the author’s novel contributions described in 

Chapter 1 and in section 1.5. Most of these findings have been presented at the CSME International 

Congress [33] and at the ASME IDETC Conference [34]; supporting the second, third, and fourth novel 

contributions listed in section 1.5. The successful commissioning of the atypical facility and associated 

measures of confidence were accepted and published in the Journal of IEST [35]; supporting the first novel 

contribution listed in section 1.5. These findings demonstrated confident measurement of transmission 

loss against criteria defined by international testing standards using new experimental methods, 

strategies, and environments. Upon presentation of the findings for each previously described 

investigation, the author will compare and associate the experimental measurements and computational 

predictions for each panel.  

The use of standardized criteria defined by international testing standards assert confidence in the new 

experimental methodology. The use of these measurements (and calculations) to verify the 

computational predictions assure accuracy of the computational methodologies. Confidence in both 

methodologies allow for diagnostic investigations and design of new conceptual design solutions to 

existing and future engineering problems.   

To manage the large depository of data (a single test consisted of multiple files), a worksheet was 

prepared to calculate the reproducibility of the test results with progress of time. This worksheet imported 

(only) the results of each test for each panel. Approximately 30 tests were conducted in total resulting in: 

 22 tests for the 0.04in and 0.09in panels,  

 12 tests for the 0.063in and 0.063in (milled) panels, and  

 six (6) tests for the 0.063in and 0063in (milled) panels with viscoelastic foam damping material.  
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Note:  In favour of organization of supporting graphics and tables, the author will abbreviate the 

reference to milled panels using (m) instead of (milled) in Figures and Tables. 

 

The 0.04in panel is 7075-T6 aluminum, the 0.063in (milled) and 0.063in panels are unmarked grade of 

aluminum, and the 0.09in panel is 2024-T3 aluminum.  

It is important to note that several panels are tested during a test, but not every panel was tested every 

time. More complex (geometric, composite) samples were tested later in the investigation relative to the 

simpler panels. The mentioned worksheet was cumulative in that it amalgamated all test results to 

calculate the averages (of sound pressure level, sound power level, transmission loss, insertion loss), the 

standard deviations, the confidence intervals, and other miscellaneous measures (such as inter-test 

variability). The tested panels were flat (in contrast to a curved panel on an aircraft). Consequently, the 

intrinsic modal properties of the panel would differ between the two configurations (flat and curved), 

however the expected attenuation properties are not expected to be significantly different. The findings 

and conclusions provide insight in the relative differences between different panel thicknesses, 

geometries (milled pockets), and composite constructions that are representative of the relative 

differences of the comparable design of curved panels of an aircraft fuselage.  

This data was necessary for initialization of the computational model (e.g. boundary or initial conditions 

of the acoustic source, damping of the facility, degrees of freedom of restraints) and for comparative 

analysis (comparing experimental results and computational predictions).  

Due to maintenance (including changes to the facility), sensitivity of test results to time and 

meteorological conditions, changes in DAQ software, and changes to the experimental test procedures, 

only the six most recent tests of each panel were included in the calculation of summarized measurements 
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and then compared against computational predictions; this constraint abides international testing 

standards recommendations. The six most recent tests are determined by date; it is not a bias selection 

of tests that demonstrate low variability. This ensured consistency among the test data. The average 

period between the most recent test and the sixth (oldest) test is approximately two to three weeks.  

The average values for the calculated sound pressure level in the source and receiving rooms, the forward, 

reverse and bi-directional transmission loss will be presented throughout this section and the appendices. 

As a brief aside, the standard deviation of each panel is found in section 4.5 (Table 4, Table 5, Table 6, 

Table 7, Table 8, Table 9).  Directing attention to Table 4 (0.04in panel) and Table 9 (0.09in panel), the 

frequency-averaged (20Hz to 20kHz) standard deviation for the complete collection of tests (22 tests) for 

0.04in and 0.09in panels between May 2013 and November 2016 is within the standard deviation criteria 

specified by ASTM E90 and ANSI S12.51. These values demonstrate nearly complete conformance (against 

criteria intended for fewer tests over a significant shorter period for tests) for variability across a large 

collection of tests (22 tests) over a significant period (3 years). 

The experimental results (reported with confidence against relevant metrics) can be incorporated into the 

computational models to simulate the vibro-acoustic behaviour of the samples to predict the response.  

Section 4.4 explores a significant and novel contribution investigating agreement between experimental 

and computational results using an associative formulation that accounts for the discrepancies (acoustic 

damping, acoustic distortion, flanking limits) between the experimental and computational 

methodologies. It is necessary to establish an experimental testing methodology that produces repeatable 

and reproducible results (for transmission loss) and a computational methodology that accurately predicts 

the vibro-acoustic behaviour of the aircraft fuselage wall to satisfy the principal objective of the 

investigation.  The principal objective will be satisfied if there is agreement between experimental results 
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and computational predictions. Confidence in the proposed methodology will allow broad 

implementation of the approach in the design of aircraft structures. 

The following subsections present the results for each stage of the investigation leading to the final 

comparisons.  

 

4.1 ROOM QUALIFICATION TESTS 

It has been mentioned that room qualification tests were conducted to develop a better understanding 

of the atypical acoustic facility constructed, to ensure confidence in the reported values, and to establish 

and to objectively affirm that the laboratory can produce credible measurements. Room qualification 

tests standardize measurement practices and associated accuracy and precision of reported values.  

The semi-anechoic room was subject to similar tests but was exempt from certain investigations (such as 

section 4.1.1) in favour of others with similarly favourable results. 

 

4.1.1 QUALIFICATION OF ACOUSTIC ROOMS FOR MEASUREMENT OF BROAD-BAND SOUND 

ANSI S12.51 was reviewed to implement the principals of the standard to improve the test and calculation 

procedures. The content was used to develop a better understanding of the sound fields inside the 

reverberation chamber and the semi-anechoic room. The acoustic rooms were sectioned as presented in 

Figure 10 and described in section 2.3.1. The average and standard deviation of the time-averaged 

measurements at each (microphone) position, as displayed in Figure 10, were calculated. Each 

measurement was averaged over a 30 second period, and 36 measurements were performed at each 

position. The (spatial) average (of time-averaged measurements) and standard were compared against 

the strict criteria defined in the standard.  
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An ideal microphone position was selected inside the reverberation chamber following review of the 

results of the room survey. The position was determined following review of all microphone positions and 

identifying the most representative location that related to the room average. The microphone position 

demonstrated lower variability (standard deviation with the spatial average of the sound pressure level) 

than the survey of the room.  The room failed to qualify at 125Hz and 160Hz, demonstrating higher 

variability in the measurement of the sound pressure levels associated with constructive and destructive 

interference of sound waves. The room also demonstrated higher variability than the target values at 

500Hz and 630Hz, but the difference is far less significant (0.5dB). The results can be found in Figure 21 

[34]. 

 

Figure 21:  Room qualification test investigating repeatability of test results in the reverberation chamber. 

 

The semi-anechoic room did exhibit decreasing sound pressure level, with appropriate repeatability, with 

increasing distance from the source, see Figure 22 [35]. The legend labels indicate arrays of microphone 

positions and measurements that were acquired in the semi-anechoic room. More specifically, four 

measurements were conducted at each microphone position, with three microphone positions per row 
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and at three heights (low, middle, high). “Row 1” indicates the row of microphone positions closest to the 

source, while “Row 4” indicates the row of microphone positions furthest from the source. Some 

discrepancies may be noticeable, which are due to the proximity of certain microphones to the interior 

surfaces of the semi-anechoic room, which would reflect some sound despite their highly absorptive 

qualities. 

 

Figure 22: Decay of source pressure in the semi-anechoic room as a function of distance from source. 

 

The investigation proposed by ANSI S12.51 aided in developing an understanding and determining 

potentially variable measurements in the reverberation chamber in the testing of test products between 

125Hz and 160Hz, and less significantly between 500Hz and 630Hz. Time-averaged measurements of the 

spatial volume of the semi-anechoic room indicated no significant directivity of sound due to distortion 

or asymmetric construction except below 63Hz in Row 3. Following review of the measurements in the 

semi-anechoic room, it was decided the microphone would be positioned in the center in Row 1, which 

demonstrated lower variability in its measurements and strong correlation (coherence) with the source 
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output as a function of frequency. The measurements at Row 1 understandably demonstrate greater 

variability in comparison with the results in Rows 2, 3, and 4 notably between 200Hz and 630Hz.  

 

4.1.2 QUALIFICATION OF SOUND FIELDS AND MEASUREMENT SYSTEMS 

The confidence intervals are calculated per the procedures and the equations presented in ASTM E90. The 

standard deviation of independent tests at each frequency was used in the calculation of the confidence 

intervals in contrast to the standard deviation of all measurements as this would show greater variability. 

The confidence interval is calculated in both testing directions and presented in Figure 23 and Figure 24 

[35]. The calculated measures are compared against the specified criteria per the Annex of ASTM E90. 

 

Figure 23: Confidence intervals for transmission loss in the forward direction for each panel tested for at 

least six (6) independent tests. The results conform to the criteria specified by ASTM E90, Annex A2. 

Results are presented beyond the specified frequency range of the standard. The measure of the 

confidence limit below 40Hz is truncated for better representation of the results between 160Hz and 

8kHz. 
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Figure 24: Confidence intervals for transmission loss in the reverse direction for each panel tested for at 

least six (6) times. The results conform to the criteria specified by ASTM E90, Annex A2. Results are 

presented beyond the specified frequency range of the standard. The measure of the confidence limit 

below 40Hz is truncated for better representation of the results between 160Hz and 8kHz. 

 

The calculated confidence intervals satisfy the criteria specified by ASTM E90 defined for the proposed 

investigation to qualify the sound fields and measurement systems.  

 

It is interesting to note that the confidence interval of each panel approaches the criteria for ASTM E90 at 

315Hz. The greater variability at this frequency is associated with the wavelength and modes observed in 

the semi-anechoic room. Reviewing Figure 22, we observe the greatest difference between rows at 315Hz 

which contributes to the variability in the calculation of the transmission loss in both directions. 

 

0.00

1.00

2.00

3.00

4.00

5.00

6.00

7.00

20 200 2000 20000

9
5

%
 C

o
n

fi
d

en
ce

 L
im

it

Frequency (Hz)

Confidence Intervals for Testing from Semi-Anechoic Room to 
Reverberation Chamber

40thou

63thou (m)

63thou (m) PCF

63thou

63thou PCF

90thou

ASTM E90-2009



  96 

4.1.3 MAXIMUM RELATIVE PERMISSIBLE VARIATION IN DECAY RATE MEASUREMENT 

ASTM C423 defined the maximum relative permissible variation in the measurement of the decay rate. 

This ensures against erroneous measurement resulting from room modes, disadvantageous room shapes, 

nonuniform sound fields, near field effects, low-quality DAQ systems and programs, and nonconforming 

test procedures. The metric is a ratio of the standard deviation of the decay rate, Sm, as a function of the 

calculated average of the decay rate (average of all measurements at all microphone positions), Dm. 

 

Figure 25: The maximum relative permissible variation in decay rate measurement calculated in 

accordance to ASTM C423 requirements. The measure is a fractional representation of the standard 

deviation (Sm) as a function of the average of the measured decay rate (Dm).  

 

The collection of the eight most recent tests are depicted in Figure 25. Eight tests were chosen because 

at least six tests for each panel were sought to be included; the eight most recent tests included the 

collection of six tests for each panel. The eight sets of data presented are reflective of the test 

environment and circumstances for all the tested panels (0.04in, 0.063in, 0.063in PCF, 0.063in (milled), 

0.00

0.02

0.04

0.06

0.08

0.10

0.12

20 200 2000 20000

Sm
/D

m

Frequency (Hz)

Maximum Relative Permissible Variation in Decay Rate 
Measurement

Reverberation Chamber

Semi-Anechoic Room

ASTM C423 Criteria
Sm/Dm



  97 

0.063in (milled) PCF, 0.09in). In contrast, some tests were performed for select test products (e.g. 0.063in 

and 0.063in (milled)) in favour of time constraints or to investigate a specific interest. Figure 25 

demonstrates confidence in the calculated absorption qualities of the acoustic rooms. More specifically, 

it demonstrates low variability in the calculation of the decay rate respective to the calculated decay rate. 

Relative to the dataset, the most “significant” discrepancy is at 4kHz where the variability is less than 0.03 

against a criterion of 0.02 (a difference of 1%); the author regards this difference as negligible in that it 

would not noticeably change any other calculated metric. 

 

4.1.4 FLANKING LIMITS 

The recommended methodology outlined in ASTM C423 is useful in determining the flanking limits of the 

acoustic facility for testing in both directions: from the reverberation chamber to the semi-anechoic room, 

and from the semi-anechoic room to the reverberation chamber. Flanking is a measure of the amount of 

energy that breaks out from the source room and gets back into the receiving room through alternative 

paths. This test was completed in both directions at near maximum acoustic output (exceeding other 

testing conditions by 10-15dB). The direct acoustic paths were blocked effectively using absorptive and 

barrier materials.  

The results in Figure 26 suggest that the flanking measures could be improved below 315Hz, but more 

significantly below 125Hz. Attenuation of low frequency breakout noise is an inherent challenge observed 

due to the size of the wavelength and proximity of source and receivers. The transmission loss of the 

barrier exceeds 60dB at frequencies at and greater than 315Hz, but decreases noticeably at lower 

frequencies. Despite the room for improvement, the results demonstrate a comfortable margin between 

the flanking limits and the reported transmission loss of products. Per Annex 5 of ASTM E90 [39], the 

entity conducting testing must report that transmission loss values are “potentially limited” if the 
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transmission values are within 10dB of the flanking values. Figure 26 demonstrates effective TL 

performance of the flanking measures (flanking plug) in the facility using an acoustic load that is 10-15dB 

greater than normal testing levels. Figure 27 shows confidence in the amount of flanking that escapes 

from the source room into the receiving room by alternative paths [35]. The measure is reassuring 

considering that the sound levels (during testing) is approximately 90dB inside the reverberant chamber 

and 75dB in the semi-anechoic room; a difference of approximately 60dB for testing in the forward 

direction and (approximately) greater than 50dB in the reverse direction. These measures would 

expectedly improve under normal test conditions (acoustic load) by approximately 10-15dB to 70dB and 

60dB. Considering the flanking criteria of ASTM E90, no sample demonstrated transmission loss values 

exceeding 50dB.  

 

Figure 26: The measured transmission loss associated with the flanking plug in forward and reverse 

directions; which is used to measure alternative acoustic and structure-borne paths. 
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Figure 27: Resulting flanking in forward and reverse directions with the acoustic source at near maximum 

performance output of speaker (approximately 10-15dB greater than the noise levels set for testing). 

 

The results of the investigation herein demonstrated that the acoustic facilities are within acceptable 

limits for repeatability. The limits for measurement of transmission loss due to flanking were determined 

and indicated acceptable signal-to-noise ratio to report the transmission loss of the most susceptible test 

specimen (0.04in panel with lowest reported values for transmission loss) as defined by ASTM C423 

methodology and E90 criteria. 

 

4.1.5 ACOUSTIC DISTORTION 

A methodology for measuring acoustic distortion was proposed by the author to better understand and 

account for differences between computational and experimental circumstances. The confined volumes 

of the reverberation chamber and the semi-anechoic room encouraged near-field effects and distortion 

of the acoustic pressure spectral profile predominantly through constructive and destructive interference. 
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The sensitivity of near-field variability in measurement was overcome by longer averaging measurement 

periods, however the cumulative bias in the room was associated with the difference in measurement of 

the acoustic source in the confined volume and in a free field. The measurements were normalized using 

the maximum sound pressure level of the acoustic source during testing (for each test, not globally). The 

distortion values are reported as a percentage of the sound levels emitted by the acoustic source and 

indicate the change in sound pressure spectral profile of the emitting source due to its environment. The 

characteristic change is a property of that environment and is not a reflection of the quality of the acoustic 

source, but instead of the sound field due to the constructive and destructive interference of the sound 

waves.  

The relative distortion values for the corner configuration are presented in Figure 28. The distortion values 

for a microphone positioned in front of the acoustic source, and behind the acoustic source (as shown in 

Figure 31) were also calculated but not used due to the test configuration of the speaker. 

 

Figure 28: Relative acoustic distortion due to confined volume. Distortion is presented as a percentage as 

a function of frequency of the emitting noise levels. The relative values are normalized using the maximum 

of the frequency-dependent measurements.  
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Comparably, orientation of the speaker (respective of reflective surfaces) and relative position of the 

microphone exhibits different changes in the sound pressure spectral profile; see Figure 29 for the effects 

of changes in orientation of the speaker relative to reflective surfaces and position of microphone of the 

sound field in the reverberant chamber, and Figure 30 for the effects due to these changes in the semi-

anechoic room. 

 

Figure 29: The acoustic distortion of the acoustic source in the Reverberant Chamber (RC) for a center-

facing, a corner-facing and backwards-facing configurations. 
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Figure 30: The acoustic distortion of the acoustic source in the Semi-Anechoic Room (SAR) for a center-

facing, a corner-facing and backwards-facing configurations. 
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Figure 31: An image of the experimental setup for a backwards-facing configuration in a “free field” 

environment. This configuration would be associated with a backwards-facing configuration in the 

“confined volume”. 

 

In the absence of an analytical approach to calculate the acoustic distortion, or an experimental 

methodology to calculate the change, the author attempted to relate and associate the change expected 

of the sound pressure spectral profile as a function of the emitting sound pressure levels of the acoustic 

source in confined volumes. The idea behind the methodology reflects Equation 22 and the theory 

associated with Helmholtz resonators (modelling the small room as a resonator). The aforementioned 

procedure provides an alternative way of estimating the resistance imposed on a source (due to the 

confined volume). 
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4.2 EXPERIMENTAL RESULTS 

Transmission loss is the calculation of the attenuation of acoustic energy due to a test product and the 

principal metric of interest in this investigation. This section concerns itself with the calculation of the bi-

directional transmission loss, which is the averaged directional transmission loss. The analysis was 

performed at an intermediate calculation of transmission loss in that it permitted better simulation 

(computational modelling) practices and understanding of the problem. More specifically, the calculation 

of attenuation (transmission loss) depends on the difference between the source and receiving rooms. 

Provided that the source room for the experimental and computational methodologies are the same, 

comparison of the receiving room values (computational and experimental) was more direct than 

reviewing the attenuation measures. 

Per ASTM E90, the expression for calculation of transmission loss is presented as Equation 17. TL(f) is the 

transmission loss as a function of frequency (f), LS(f) is the sound pressure level in the source room as a 

function of frequency, LR(f) is the sound pressure level in the receiving room as a function of frequency, St 

is the surface area of the test product, and AR(f) is the Sabine absorption coefficient in the receiving room 

as a function of frequency. 

TL(f) = L𝑆(f) − L𝑅(f) + 10 log (
S𝑡

A𝑅(𝑓)
) 

Equation 17 

TL(f) = TL1(f) + TL2(f) Equation 18 

The correction applied to the sound pressure level in the receiving room using Equation 30 is an 

intermediate step. The calculation of transmission loss computationally and experimentally was 

calculated using Equation 17 [39].  

The bi-directional transmission loss is a more diligent practice and ensures a more accurate and precise 

calculation of the attenuation due to the test specimen via the two-room test method (according to ASTM 
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E90), presented in Equation 18 [39]. It is a less common practice as it is more exhaustive (specimen is 

tested twice). Transmission loss is calculated by measuring the attenuation of a product when positioned 

between two rooms: a source room and a receiving room. Reversing the direction of testing (the rooms) 

may introduce variability in the results. Calculation of the bi-directional transmission loss (arithmetic 

average) provides a more accurate and representative measure of the attenuation of the sample. 

To comment on correlation, the experimental results showed that the transmission loss did increase with 

increasing thickness from 0.04in to 0.09in by an average value of 2dB (averaged across the frequency 

spectrum). The addition of a viscoelastic closed-cell foam damping material on the milled sections of a 

0.063in panel improved the transmission loss performance by approximately 4dB. The addition of the 

material across the entire surface of an non-milled panel improved the transmission loss by approximately 

6.6dB. These findings are presented in Table 1. 

The collective (spatial and temporal) average and standard deviation values were calculated for only the 

six most recent tests from a large set of a total of 30 tests spanning September 2013 to November 2016. 

See Table 22 in Appendix D: Compilation of results for the calculated standard deviation.  

The density for every product was calculated using a scale (1g sensitivity) and measured geometric 

parameters. Though the 0.04in, 0.063in (milled and not milled), and 0.09in panels were different grades 

of aluminum, their density was calculated to be approximately 2724kg/m3 with a standard deviation of 

45kg/m3 (1.65% variability). The density of the 0.04in 7075-T6 aluminum panel was calculated to be 

2762kg/m3, the unmarked 0.063in (milled) panel was calculated to be 2661kg/m3, the unmarked 0.063in 

panel was calculated to be 2721kg/m3, and the 0.09 2024-T3 aluminum panel was calculated to be 

2750kg/m3. 

This compares well with literature, where the density of aluminum wrought alloys 2014-T6 and 6061-T6 

is approximated to be 2790kg/m3 and 2710kg/m3, respectively [65], and (both these alloys are) 
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approximated again to be 2700kg/m3 [66], while other structural alloys have densities of 2800kg/m3 [67]. 

Aluminum cast 195-T6 is estimated at 2770kg/m3, and aluminum wrought alloys 2014-T4, 2024-T4 and 

6061-T6 are estimated at 2800kg/m3, 2770kg/m3 and 2710kg/m3, respectively [68].  

The density of the viscoelastic closed-cell foam was calculated to be approximately 150kg/m3 with a 

standard deviation of 33kg/m3 (22% variability) by measuring the weight and dividing it by its calculated 

volume (by measuring its dimensions). The average and standard deviation were calculated using four 

samples of the same damping material sample. The specifications provided by the manufacturer defined 

the area density of the viscoelastic closed-cell foam to be 0.22lb/ft2 (0.1kg/m2), which was measured and 

calculated to be 0.33lb/ft2 (0.15kg/m2). The density of the PCF construction, where the aluminum panel 

makes up approximately 70% of the total weight and the viscoelastic closed-cell foam makes up the 

remaining 30%, is approximately 757kg/m3 with a standard deviation of 7.14kg/m3 (0.94% variability). The 

results in Table 1 suggest that the average attenuation increases with the incorporation of the viscoelastic 

closed-cell foam. Unsurprisingly, the analysis suggests that the density of the entire construction is 

reduced due to the light-weight damping material.  
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Table 1: The calculated bi-directional transmission loss for 0.04in, 0.063in (milled), 0.063in, and 0.09in 

panels using the six most recent tests. 

Frequency 
(Hz) 

Bi-directional Transmission Loss (dB) 

0.04in 0.063in (m) 0.063in (m) PCF 0.063in 0.063in PCF 0.09in 

50 15 14 19 16 20 16 

63 17 18 21 19 21 20 

80 18 17 19 19 20 20 

100 17 16 19 18 22 19 

125 25 27 28 29 31 30 

160 14 14 19 14 21 19 

200 16 16 23 16 24 22 

250 15 15 19 16 21 17 

315 16 17 23 19 25 21 

400 24 23 30 26 31 26 

500 25 25 31 26 33 27 

630 25 26 30 26 32 27 

800 23 24 27 24 28 25 

1000 23 23 25 24 27 25 

1250 25 25 30 25 31 26 

1600 28 28 30 28 32 28 

2000 27 27 31 28 33 28 

2500 30 31 32 31 36 31 

3150 32 32 32 32 36 33 

4000 30 31 31 30 37 32 

5000 32 33 31 32 40 34 

6300 32 32 32 32 43 34 

8000 28 27 34 28 44 34 

10000 31 30 40 31 47 36 

12500 30 30 36 31 47 35 

16000 34 34 40 36 46 41 

20000 34 34 37 35 37 36 

Average 24.7 24.7 28.4 25.5 32.1 27.4 
*Density of material construction and assemblies are normalized to account for the total volume with respect to its weight. 

 

See section 4.4 for experimental results alongside computational predictions. Other attenuation and/or 

acoustic properties of each panel or composite were calculated from experimental testing, such as 
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insertion loss and the sound power level of the radiating panels. These quantities are explored in section 

4.6.1. 

Considering a simple panel and 70%-30% panel-damping composite assemblies, the calculation for the 

frequency-average attenuation per weight suggests greater attenuation per unit of weight without the 

use of the viscoelastic closed-cell foam, see Table 2. Reviewing these measurements, a solid sheet of 

aluminum is demonstrating better acoustic attenuating qualities than the incorporation of the viscoelastic 

damping material (strictly on a weight basis). 

 

Table 2: The frequency-averaged attenuation, weight of the product under test, the calculated density, 

and the normalized attenuation per weight for 0.04in, 0.063in (milled), 0.063in (milled) PCF, 0.063in, 

0.063in PCF, and 0.09in panels. 

 0.04in 0.063in (m) 0.063in (m) PCF 0.063in 0.063in PCF 0.09in 

Frequency-Average 
Attenuation 

24.70 24.70 28.40 25.50 32.10 27.40 

Weight (kg) 0.77 0.88 1.12 1.18 1.52 1.73 

Composite Density (kg/m3) 2762 2661 762 2721 752 2750 

dB per weight (dB/kg) 32.29 27.97 25.31 21.61 21.08 15.88 

 

The calculated attenuation as a function of frequency per unit of weight is presented in Table 21 in 

APPENDIX D: COMPILATION OF RESULTS. 

A product of successful commissioning of the acoustic facility (including satisfying the criteria of room 

qualification tests from various standards), the calculated forward, reverse, and bi-directional 

transmission loss values for each panel were distinguishable. The low variance, or high level of confidence 

in the reported values (compared against criteria of testing standards) demonstrated the relationships 
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between changes in panel geometries (thickness, milled pocket area) and attenuating performance. More 

significant changes, such as the addition of a constraining-damping layer in patterns or uniform 

application was also well quantified.  

The conclusions communicated in this section satisfy the principal motivation described in Chapter 1 and 

section 1.5 in particular. Expectedly, an increase in panel thickness resulted in an increase in the acoustic 

attenuation of the structure. However, there was a decrease in acoustic attenuation per unit of weight 

for thicker panels. Similarly, there was a decrease in acoustic attenuation per unit of weight with the 

addition of the damping material.  

 

4.3 COMPUTATIONAL PREDICTIONS 

The proposed methodology was successful in distinguishing the detailed spectral response of the 

attenuation (transmission loss) of various test samples. Careful attention was necessary in developing 

both (experimental and computational) methodologies to avoid inconvenient or unfavourable 

circumstances (accurate representation of an acoustic source, flanking limits, geometry of test panels) 

toward the complementing methodology. The initial conditions of the experimental methodology (the 

sound pressure levels in the source room) were incorporated as initial conditions in the computational 

methodology (acoustic excitation values) and the outputs (predicted sound pressure levels in the receiving 

room) are compared in section 4.4. The principal objective of the investigation is to develop an accurate 

computational methodology and to verify the predictions using a repeatable and reproducible 

experimental methodology. 

This section presents early computational investigations that precede experimental testing and modelling 

of the sample materials that were received. These investigative simulations contributed towards a better 

understanding of computational fundamentals and of the original aero-vibro-acoustic problem. The 
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findings highlighted correlations in the radiation of sound from panels associated with changes in panel 

thickness and geometries. Trends showed changes in magnitude and shifts in the frequencies of resonant 

modes. The computational methodology was developed to imitate the experimental efforts and predicted 

values are referenced in this section. 

The author modeled several different geometries and materials, which progressed into composite 

constructions (panel with viscoelastic closed-cell foam). The modelling efforts for simpler constructions 

implemented the “modal-based approach” related to BEM modelling (modal superposition utilizing 

complex eigenvalue analysis); see section 3.1.2. Later efforts on modelling of composite constructions 

implemented a “direct approach” related to FEM modelling (see section 3.2.1) that concerned itself with 

the physical properties of the model to evaluate and simulate the results (instead of solving the eigenvalue 

problems).  

Preliminary modelling efforts analyzed simple panels to review the effects of varying thickness and panels 

with a milled pocket. It was anticipated that the resonant frequency peaks would shift towards lower 

frequencies with increasing thickness (therefore increasing mass) per Equation 19. Supported by the 

results in Figure 32, the opposite was observed. The stiffness of the panel was increasing more quickly 

than the mass for these geometric parameters. For a flat panel stiffness is a function of geometry, mass, 

and Young’s modulus as defined by Equation 20 and Equation 21 [30]. 

𝜔𝑛 = √
𝑘

𝑚
 

Equation 19 

 

𝑓𝑛𝑚(𝐻𝑧) =
𝜋

2
(

𝑛2

𝑎2
+

𝑚2

𝑏2 ) √
𝐷

𝜌ℎ
 

Equation 20 

 

 a and b are lengths, n and m identify respective normals 
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 𝜌 is the density 

 h is the thickness 

𝐷 =
ℎ3𝐸

12(1 − 𝑣2)
 

Equation 21 

 E is Young’s modulus 

 𝑣 is Poisson’s ratio 

It was determined that changes in panel thickness caused greater proportional change to stiffness than 

mass as observed in Figure 32 and Figure 33 [33]. 

 

Figure 32: The predicted sound pressure level radiated from panels of varying thicknesses resulting from 

the application of a point force load on the center of the panel. 

 

The increase in attenuation of sound energy due to increases in mass resulting from increases in panel 

thickness was less significant than anticipated. The simulations did not account for any (significant) 

damping which exaggerated resonant behaviours (larger peaks than would be observed practically). 
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Figure 33: The predicted sound pressure level radiated from 0.05in panels of varying milled pocket areas 

of 0.04in thickness resulting from the application of a point force load on the center of the panel. 

 

There was a notable shift in resonant frequencies towards lower values with decreasing thickness (since 

stiffness increased more quickly than mass) or reduction in the size of the milled pocket area. The 

equivalent sound pressure level between panels of varying thickness was not significant, however the 

relative magnitude of individual peaks was more notable in some circumstances. The shift of the first 

resonant peak (approximately 175Hz) in Figure 32 is noticeable towards lower frequencies with 

decreasing panel thickness. The change in amplitude of the first resonant peak (near 50Hz) for panels of 

varying milled pocket area is noticeable attenuated in Figure 33.  

A simulation was done to confirm the relationship between the effects of stiffness and mass on the 

magnitude of sound energy radiated from the panels and the shift in resonant frequencies. An increase in 

mass did attenuate the magnitude of the radiated sound pressure and shifted resonant frequencies 

towards lower values, as shown in Figure 34. As expected, an increase in mass resulted in a shift of 

resonant frequencies towards lower frequencies. 
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Figure 34: Consistency check reviewing the effects of stiffness and mass on the radiated sound pressure 

level and the shift in resonant frequencies. A model was simulated twice, with only the parameter of 

density being modified (not the geometry). 

 

The author did not expect, or observe, any shifts in frequencies in experimental measurements since data 

was collected at defined fractional octaves which were larger than the magnitude of the shifts in 

frequencies. Data was collected and presented in discrete ranges (octave bands) rather than continuously 

across the frequency spectrum. 

The initial conditions of the computational model were defined from experimental measurement. The 

restraints were defined and characterized by the way the panels were clamped into position 

experimentally. The sound power level of the acoustic source was calculated from measurement and used 

as the input conditions in the simulation for an acoustic monopole (in the reverse testing direction) and 

for the distributed plane wave (in the forward testing direction).  
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Computational predictions using the BEM-based approach for a 0.04in panel are presented in Figure 35 

and Figure 36, for 0.063in (m) in Figure 37 and Figure 38, for a 0.063in in Figure 39 and Figure 40, for a 

0.09in panel in Figure 41 and Figure 42. These (corrected) predictions are presented in section 4.4 

alongside experimental values because of the inter-dependence of the two sets of data. The corrections 

are justified and the formulations (and theory) are described within those results. 

The computational modelling strategy for 0.04in, 0.063in (milled), 0.063in, and 0.09in was to use a modal-

based approach that solved the eigenvalue problem (via modal superposition). The same methodology 

was not feasible for modelling the same panels with the addition of the viscoelastic damping materials as 

the modal density increased exponentially. The computational requirements for disk space for running 

the simulation exceeded those of the system (estimated temporary disk space required was 

approximately 1TB). It was not possible to evaluate the constructed matrices (solving for eigenvalues) at 

frequencies exceeding 400Hz due to the size and complexity of the matrices. The associated computation 

time of System 2 exceeded 10 days. The aforementioned simulation simplified the viscoelastic material as 

an isotropic material since viscoelastic and porous material properties were not supported by the solver. 

Damping characteristics of the materials were to be specified as frequency-dependent global damping 

parameters. 

Instead the PCF construction was modeled using a FEM approach implementing the direct evaluation 

approach. The predictions were subject to the same associative formulation; however, the experimental 

results and computational predictions were not in agreement. The author observed discrepancies 

between the user-defined inputs (the initial conditions for the computational acoustic source from the 

experimental source room) and predicted inputs (validation check at the microphone position in the 

computational source room). The difference between the user-defined values for the acoustic source and 

the predicted values at the microphone in the source room demonstrated no decay of sound due to 

distance in the computational model. Due to the lack of transparency in the software’s solver algorithms, 
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it could not be confirmed, however the applied correction using the same assumed values for the modal-

based approach yielded more promising results. It is believed that the issue lies in the method of radiation 

of energy from the automatically matched layer property that is a necessary property feature in the FEM 

direct modelling approach. The automatically matched layer property is responsible for accepting the 

radiating sound energy and the radiation of sound energy to and from a mesh fluid volume. Though this 

is more thoroughly described in section 4.4, this claim is justified given that the measured sound pressure 

level in the source room matched the sound power levels of the noise source at a defined distance away. 

Computational predictions using the FEM-based approach for a 0.063in PCF assembly are presented in 

Figure 43 and Figure 44. The corrected graphs appear in Figure 47 and Figure 48. The predictions for the 

0.063in (milled) PCF assembly are presented in Figure 45 and Figure 46. The corrected graphs appear in 

Figure 49 and Figure 50. 

The results for 0.063in PCF assembly in Figure 43 and Figure 44 demonstrate poor agreement using the 

associative formulation, but demonstrate strong correlation in the predictions between 100Hz and 

1600Hz (with a weaker trend extending to 4kHz) for the forward direction and 250Hz and 1600Hz (with a 

weaker trend extending to 8kHz) in the reverse direction. Poor agreement is characterized by significant 

deviation from experimental measurements (greater than twice the experimental repeatability and/or 

reproducibility limits, or approximately 10dB).  

These results are explained more thoroughly in the following section where the computational predictions 

were presented alongside the experimental measurements at an intermediate step in the calculation of 

transmission loss. The computational predictions using the BEM-based approach demonstrated good 

correlation and agreement against experimental measurements using the associative formulation. The 

same was not true for the FEM-based approach, but a second correction accounting for the decay of sound 

between the source, the receiver and their associated AML meshes demonstrated better agreement 

between computational and experimental methodologies. 
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4.4 DISCUSSION AND COMPARISON OF EXPERIMENTAL AND COMPUTATIONAL RESULTS 

The principal objective of the investigation was to develop computational modelling techniques that 

predict the vibro-acoustic behaviour of a section of an aircraft fuselage during flight, and an experimental 

methodology to verify those predictions. The computational method offers engineers the earliest 

opportunity to avoid potential issues, whereas the experimental method offers assurance against 

complications in the final product. 

Computational investigations suggested that the stiffness of the panels dominated the frequency shift of 

the resonant frequencies for these geometric parameters instead of the mass of the panel; see section 

4.3 and Figure 32. This finding was only faintly observed (experimentally) in panels of varying thickness 

between the 0.04in and 0.09in panels. These shifts were only notable at low frequencies; a shared 

similarity with the predictions. This observation was difficult in that the difference in the expected 

frequency shift(s) was smaller than the resolution at which the sound pressure levels were measured (at 

1/3 octave band frequency resolution). 

In an effort to develop an understanding of the acoustic environment to account for the aforementioned 

discrepancies between experiment and simulation, the author observed Equation 22. Equation 22 

associates sound pressure to the sound power level of an emitting noise source and a term that considers 

the contributions of the reverberant and the direct fields’ effects of the room at receiver (function of 

distance (r), directivity of sound (Q) and the room constant (R)).  

LP = LW + 10 ∗ log10 (
Q

4πr2
+

4

R
) Equation 22 

A simple expression can be developed to associate the direct and reverberant fields: the ratio of their 

contributions equates to unity. By determining the fractional contributions of the sound fields, the 
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problem can be discretized in terms of acoustic distortion, acoustic damping, and flanking. Acoustic 

distortion is a quality affected by the reverberant field and, acoustic distortion and flanking are qualities 

affected by the direct field. 

The calculation of the Room Constant, R, is possible by calculating the absorption of the room using 

Equation 24 [39] and Equation 25 [45]. Calculation of the absorption coefficients of the room is possible 

using Equation 26. 

R =
Sα

1 − α
 Equation 23 

A = 0.921 ∗
𝑉𝑑

𝑐
 Equation 24 

d = d′ − d𝑎𝑖𝑟 Equation 25 

α =
𝐴

𝑆𝑟𝑜𝑜𝑚
 

Equation 26 

Where A represents the Sabine absorption coefficient [43], V represents volume, d represents the 

corrected decay rate, d’ represents the uncorrected decay rate measured in the room, dair represents the 

loss due to the decay of sound due to air [45], c represents the speed of sound, and Sroom represents the 

total surface area of the room. Calculation of the absorption coefficient of a product takes the form of 

Equation 26 [45], where A is replaced by the added absorption to the room and Sroom is replaced by Sspecimen, 

the exposed area of the test specimen. 

The directivity, Qij (subscript i to denote the reverberant chamber or semi-anechoic room; subscript j to 

denote direct or reverberant field) is possible using Equation 27 and Equation 28 . The directivity factor Q 

of the semi-anechoic room is 8, and of the reverberation chamber is 16. These values were calculated 

using the volume of the theoretical sphere having the largest dimension of the room and dividing it by the 
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volume of the respective room. This indicates the ratio of sound energy emitted by the source and 

expected to be measured in the confined volumes. 

QSD =
(

Q
4 ∗ πr2)

(
Q

4 ∗ πr2) + 4 ∗ (
1 − α

Sα
)
 

Equation 27 

QSR =
4 ∗ (

1 − α
Sα

)

(
Q

4 ∗ πr2) + 4 ∗ (
1 − α

Sα
)
 

Equation 28 

Equation 27 and Equation 28 calculate the fractional contributions of the direct and reflective sound fields 

(of the source room), respectively. Calculation of the fractional contributions of the receiving room take 

the same form with modified subscripts. 

The measured and calculated absorption coefficients of the reverberation chamber and the semi-anechoic 

room are reported in Table 25 in Appendix D: Compilation of results. 

The absorption of sound is an important consideration as the computational model exposes the panel to 

a distributed plane wave of constant acoustic pressure (as a function of frequency) without absorption. 

Experimentally, there is a high number of reflections in the source room where energy is lost with each 

reflection. Knowledge of the geometric properties of the room permits calculation of the ratio of the direct 

field (path between the acoustic source-panel-receiver) and the reverberant field. The ratio can be used 

to account for the ratio of energy that is reflected (accounting for how much energy is lost) from the 

surfaces of the acoustic rooms back towards the receiver. The ratio is described later in this section and 

the values are presented in Table 3. 

Having established an understanding of the sound fields, the discrepancies between experiment and 

simulation and the absorptivity of the acoustic rooms, a formulation was developed to associate the 

computational and experimental methodologies. Equation 18 was further developed using Equation 17, 

where the third term cancels out. Equation 29 associates the measured sound pressure level in both 
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acoustic rooms for the computational and experimental methodologies. Equation 29 is then modified into 

Equation 30 to account for the aforementioned discrepancies between experiment and simulation 

(affected by the associated sound field) [34]: 

SPLExperimentalSource − SPLExperimentalReceive

= SPLComputationalSource − SPLComputationalReceive Equation 29 

SPLCR = Eoffset + SPLCR′ ∗ (1 − αR ∗ QSD) − (SPLCS ∗ ƺS) ∗ QSR + SPLCS ∗ (FP

− FF) ∗ QSR Equation 30 

 Eoffset error in offset of the computational acoustic source resulting from reflections off the baffle 

 SPLCR′ ∗ (1 − αR ∗ QSD) uncorrected computational SPL in the source room corrected for 

absorption losses due to reflections, where αR is the absorption of the receiving room 

  (SPLCS ∗ ƺS) ∗ QSR correction due to damping of the acoustic source room, where ƺS is the 

damping of the source room 

  SPLCS ∗ (FP − FF) ∗ QSR correction due to permanent flanking (measured noise with maximum 

barrier) and accounted flanking 

SPLCS = SPLCS′ + Eoffset Equation 30a 

 SPLCS′ uncorrected sound pressure level in the source room 

 SPLCS corrected sound pressure level in the source room 

The sound pressure level in the source room is also corrected. The discrepancy is due to the reflection of 

sound energy off the baffle plane in the computational software. It is exceptionally difficult (very time 

consuming), if not impossible, to match the results exactly. This calculated “offset error” is used in the 

receiving room correction. 
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The frequency-averaged error in the forward direction for the sound pressure level in the source room 

was 3dB for the 0.04in panel, and 1dB for the 0.063in (milled), 0.063in and 0.09in panels. The error was 

5dB for the 0.063in panel with damping material. 

The frequency-averaged error in the reverse direction for the sound pressure level in the source room 

was 0.5dB for the 0.04in panel, 0.5dB for the 0.063in (milled) and the 0.063in panels, and 3dB for the 

0.09in panel. The error was -1dB for the 0.063in panel with damping material. 

The fractional contributions of the quality factors were calculated using the terms found in Equation 22 

and results can be found in Table 3. The incorporation of the fractional contributions of different qualities 

of the sound field is possible through an understanding of Equation 22.   

The damping coefficients (ƺ), absorption coefficients (α), and flanking values were all measured 

empirically. These findings were presented individually in previous sections. 

The computational model incorporates an impermeable acoustic baffle. In contrast, there is significant 

noise that is transferred between the two acoustic rooms through alternative paths (such as structure-

borne noise). A ratio of the sound pressure level in the receiving room with respect to the source 

(accounting for background sound pressure levels) can be used with knowledge of the fraction of the 

sound field that is not direct to account for an estimate for correcting for flanking. 

The author attempted to quantify the acoustic distortion of the sound field due to the confined volumes 

of the acoustic rooms. The environments promoted a high number of reflections resulting in significant 

constructive and destructive interference. The proposed test in section 2.3.5 is more thorough in the 

procedural details of the determination of these quantities. The principles reflect those in ANSI S12.51 

describing a methodology to calculate the sound energy (levels) of the acoustic field using a single event 

time-integrated sound pressure level measurements. Since sound energy and sound power (subsequently 

sound pressure) are related, an acoustic source of defined sound power will produce a quantifiable 
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measure of energy (as power is a function of energy per unit of time). By measuring the sound pressure 

resulting from the speaker and relating it to the sound energy in free field, and then to the confined 

volume, the distortion of the sound field can be quantified – at least relatively. The methodology 

described in ANSI S12.51 define2s the period (of the single event) to include the event (such as an impulse) 

and the decay of the event. The corrected single event time-integrated sound pressure level (accounting 

for the background noise levels) is used to calculate the sound energy level using the direct method or the 

comparison method; both of which are similar to the expressions for calculating the sound power level. 

See Equation 13 for the expression for calculation of the sound power level using the direct method. In 

the proposed methodology (in section 2.3.5), the sound energy of the emitting source associates the 

sound pressure level of the confined volume and the free field environment. Instead of a single event 

time-integrated sound pressure measurement, a time-averaged measure of the acoustic source is used. 

Since the sound pressure in both environments is being compared (due to the shape and geometry of the 

rooms), the relative difference is independent of time (dependent on spectrum), and should not be a 

function of the decay of sound of the different acoustic environments. Moreover, a time-averaged 

measure of the acoustic source minimizes human and calculation (DAQ and post-processing) error.  

The computational methodology is not able to simulate the circumstances of the confined volumes (as 

the acoustic room is not modeled and would be too computationally demanding). The BEM methodology 

does however observe a similar effect because of the reflections of sound back from the acoustic baffle. 

The formulation associating computational predictions and experimental measurements (Equation 30) 

was developed to account for the differences between the methodologies (acoustic distortion, acoustic 

damping, flanking). The equation stemmed from balancing the equation, equating the computational 

model and the experimental model, which required better understanding of the acoustic field in Queen’s 

University experimental facility. The direct field and reverberant field contributions of the reverberation 

chamber and the semi-anechoic room were calculated analytically using Equation 27 and Equation 28. 
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The results as a function of frequency are presented in Table 3. The direct field calculations depend on an 

assumed directivity factor and the distance between the receiver and the acoustic source. The 

reverberant field calculations depend on the room constant, which depends on the absorption of the 

room and total surface area of the room. 
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Table 3: Fractional contribution of the direct and reverberant fields in each acoustic environment. 

Frequency 
(Hz) 

Reverberation Chamber Semi-Anechoic Room 

Direct Field Reverberant Field Direct Field Reverberant Field 

20 0.06 0.94 0.00 1.00 

25 0.09 0.91 0.02 0.98 

31.5 0.12 0.88 0.03 0.97 

40 0.16 0.84 0.07 0.93 

50 0.19 0.81 0.10 0.90 

63 0.22 0.78 0.10 0.90 

80 0.24 0.76 0.08 0.92 

100 0.25 0.75 0.13 0.87 

125 0.27 0.73 0.14 0.86 

160 0.24 0.76 0.15 0.85 

200 0.25 0.75 0.15 0.85 

250 0.20 0.80 0.16 0.84 

315 0.20 0.80 0.15 0.85 

400 0.22 0.78 0.69 0.31 

500 0.25 0.75 0.70 0.30 

630 0.65 0.35 0.70 0.30 

800 0.64 0.36 0.69 0.31 

1000 0.64 0.36 0.69 0.31 

1250 0.63 0.37 0.68 0.32 

1600 0.59 0.41 0.69 0.31 

2000 0.58 0.42 0.68 0.32 

2500 0.57 0.43 0.68 0.32 

3150 0.57 0.43 0.67 0.33 

4000 0.54 0.46 0.65 0.35 

5000 0.19 0.81 0.64 0.36 

6300 0.20 0.80 0.61 0.39 

8000 0.18 0.82 0.57 0.43 

10000 0.16 0.84 0.12 0.88 

12500 0.18 0.82 0.12 0.88 

16000 0.19 0.81 0.12 0.88 

20000 0.19 0.81 0.11 0.89 

 

Since the principal interest of this investigation is concerned with measuring attenuation (transmission 

loss) which depends on the difference (attenuation of a product) between the source and receiving rooms, 

the author observed this intermediate step rather than simply predicting and calculating the attenuation 
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of a sample. Since the attenuation of a configuration depends on the source and receiving rooms, and 

since the source room (experimental and computational) are set to the same values, it is simpler to review 

and compare the results in the receiving room. 

The results for 0.04in panel in Figure 35 and Figure 36 demonstrate corresponding initial conditions in the 

source room and good agreement between the measured and predicted sound pressure levels in the 

receiving room. There is a discrepancy in the data between 80Hz and 100Hz in the forward test direction. 

There is an observed discrepancy between 63Hz and 315Hz in the presented results in the reverse test 

direction. The discrepancies are associated with the difficulty associated with low-frequency 

measurements, room modes in the reverberant chamber between 125Hz and 160Hz, and with the 

properties of the semi-anechoic room between 200Hz and 400Hz (as described in section 4.1.1). 

Divergence between the computational and experimental methodologies is observed at values greater 

than 10kHz in the forward direction and 12.5kHz in the reverse direction. 

 

Figure 35: Measured and predicted sound pressure levels in each room for forward direction for 0.04in 

panel. 

 

0

20

40

60

80

100

120

20 200 2000 20000

So
u

n
d

 P
re

ss
u

re
 L

ev
el

 (
d

B
)

Frequency (Hz)

Sound Pressure Levels in Each Room for Forward Direction for 
0.04in Panel

Exp. Source

Comp. Source

Exp. Receive

Comp. Receive



  125 

 

Figure 36: Measured and predicted sound pressure levels in each room for reverse direction for 0.04in 

panel. 
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in the source room and good agreement between the measured and predicted sound pressure levels in 
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direction. There is an observed discrepancy between 63Hz and 315Hz in the presented results in the 

reverse test direction. The discrepancies are associated with the difficulty associated with low-frequency 

measurements, room modes in the reverberant chamber between 125Hz and 160Hz, and with the 

properties of the semi-anechoic room between 200Hz and 400Hz (as described in section 4.1.1). 

Divergence between the computational and experimental methodologies is observed at values greater 

than 10kHz in the forward direction and 12.5kHz in the reverse direction. 
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Figure 37: Measured and predicted sound pressure levels in each room for forward direction for 0.063in 

(milled) panel. 

 

 

Figure 38: Measured and predicted sound pressure levels in each room for reverse direction for 0.063in 

(milled) panel. 
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The results for 0.063in panel in Figure 39 and Figure 40 demonstrate corresponding initial conditions in 

the source room and good agreement between the measured and predicted sound pressure levels in the 

receiving room. There is a discrepancy in the data between 80Hz and 100Hz in the forward test direction. 

There is an observed discrepancy between 80Hz and 315Hz in the presented results in the reverse test 

direction. The discrepancies are associated with the difficulty associated with low-frequency 

measurements, room modes in the reverberant chamber between 125Hz and 160Hz, and with the 

properties of the semi-anechoic room between 200Hz and 400Hz (as described in section 4.1.1). 

Divergence between the computational and experimental methodologies is observed at values greater 

than 10kHz in the forward direction and 12.5kHz in the reverse direction. 

 

 

Figure 39: Measured and predicted sound pressure levels in each room for forward direction 0.063in 

panel. 
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Figure 40: Measured and predicted sound pressure levels in each room for reverse direction 0.063in panel.  
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Figure 41: Measured and predicted sound pressure levels in each room for forward direction 0.09in 

panel. 

 

 

Figure 42: Measured and predicted sound pressure levels in each room for reverse direction 0.09in 

panel. 
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The results for 0.063in PCF assembly in Figure 43 and Figure 44 demonstrate corresponding initial 

conditions in the source room. There is poor agreement using the associative formulation, but 

demonstrate strong correlation in the predictions between 100Hz and 1600Hz (with a weaker trend 

extending to 4kHz) for the forward direction and 250Hz and 1600Hz (with a weaker trend extending to 

8kHz) in the reverse direction. 

 

Figure 43: Measured and predicted sound pressure levels in each room for forward direction 0.063in PCF 

assembly. 
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Figure 44: Measured and predicted sound pressure levels in each room for reverse direction 0.063in PCF 

assembly. 
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Figure 45: Measured and predicted sound pressure levels in each room for forward direction 0.063in 

(milled) PCF assembly. 

 

 

Figure 46: Measured and predicted sound pressure levels in each room for forward direction 0.063in 

(milled) PCF assembly. 
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Correcting the predictions using Equation 22 (where the contribution of the acoustic room, 4/R, is 

neglected because it is already accounted for and unchanging) computational and experimental 

measurements demonstrate better agreement. For the corrected results for the 0.063in PCF assembly, 

see Figure 47 and Figure 48. For the corrected results for the 0.063in (milled) PCF assembly, see Figure 49 

and Figure 50 . 

The results for a 0.063in PCF assembly demonstrate good agreement in the forward direction with 

discrepancies in the data below 125Hz. The reverse direction does not demonstrate as strong an 

agreement where discrepancies are noticeable below 250Hz and beyond 2500Hz (though a weak 

correlation still exists). 

The results for a 0.063in (milled) PCF assembly demonstrate good correlation in the both test directions. 

The discrepancies between computational predictions and experimental results for the 0.063in (milled) 

PCF assembly are larger relative to the discrepancies in results observed for other tested samples.  

It is believed that the AML mesh does not properly account for the decay of sound that exists between 

the mesh surface and the exterior (unmeshed) volume between it (the meshes) and the source and the 

receiver.  This conclusion was not observable in Figure 43 and Figure 44 because the formula intended to 

correct for small offset errors in the sound pressure level in the source room (see  Equation 30a) effectively 

masked the “error”. Specifically, the discrepancy is less of a concern in the forward testing direction, since 

the distributed plane wave acoustic excitation forces the sound pressure level in the field on the source 

side to be constant (no decay); the radiating AML surface in the receiving room, however, does not 

properly predict the sound pressure level at the receiver. In contrast, the acoustic monopole source used 

in the reverse testing direction is challenged by not observing decay of sound between the source and the 

receiver in the same room, and against to the receiver in the receiving room. As the sound pressure level 

decayed in the BEM-based model as a function of distance (this is related to the determination of the 
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sound power level of an emitting noise source described in Equation 22), the sound pressure level did not 

decay from the source to the receiver positions in the FEM-based model (in both the source and receiving 

rooms outside the fluid-volume meshes).  

 

Figure 47: Measured and corrected predicted sound pressure levels in each room for forward direction 

0.063in PCF assembly. 
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Figure 48: Measured and corrected sound pressure levels in each room for reverse direction 0.063in PCF 

assembly. 

 

 

Figure 49: Measured and corrected sound pressure levels in each room for forward direction 0.063in 

(milled) PCF assembly. 
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Figure 50: Measured and corrected sound pressure levels in each room for reverse direction 0.063in 

(milled) PCF assembly. 

 

These results for the 0.063in PCF and the 0.063in (milled) PCF assembly configurations demonstrate a 

frequency range (mid-frequencies) that agree well between the two methodologies. The general spectral-

profile of the computational predictions does correlate well against experimental measurement.  

To generalize the methodology reviewing the results of the two cases, there is divergence between the 

results at frequencies greater than 800Hz. Comparatively, the predictions from the BEM-based 

methodology were more reflective of the experimental measurements. As mentioned previously, BEM 

and FEM are often implemented for low- and mid-frequency analyses, while other techniques like SEA are 

incorporated for higher frequency analyses. The conclusions here reveal a similar correlation. 

The bi-directional transmission loss was calculated in this investigation for the 0.04in panel (see Figure 

51), for the 0.063in (milled) panel (see Figure 52), for the 0.063in panel (see Figure 53), for the 0.063in 

PCF assembly (see Figure 55), and the 0.09in panel (see Figure 54). 

0

20

40

60

80

100

120

20 200 2000 20000

So
u

n
d

 P
re

ss
u

re
 L

ev
el

 (
d

B
)

Frequency (Hz)

Sound Pressure Levels in Each Room for Reverse Direction for 
0.063in (milled) PCF Assembly

Exp. Source

Comp. Source

Exp. Receive

Comp. Receive



  137 

 

Figure 51: Bi-directional transmission loss of a 0.04in panel comparing experimental measurements and 

computational predictions. 

 

The computed bi-directional transmission loss for the 0.04in panel compares generally well against the 

calculated bi-directional transmission loss from measurement. There is poor agreement below 400Hz 

which is expectedly associated with low-frequency measurement and modes within the acoustic rooms. 

There is divergence between the methodologies starting at 10kHz. 
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Figure 52: Bi-directional transmission loss of a 0.063in (milled) panel comparing experimental 

measurements and computational predictions. 

 

The computed bi-directional transmission loss for the 0.063in (milled) panel compares generally well 

against the calculated bi-directional transmission loss from measurement. There is poor agreement below 

400Hz which is expectedly associated with low-frequency measurement and modes within the acoustic 

rooms. There is divergence between the methodologies starting at 12.5kHz. 
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Figure 53: Bi-directional transmission loss of a 0.063in panel comparing experimental measurements and 

computational predictions. 

 

The computed bi-directional transmission loss for the 0.063in panel compares generally well against the 

calculated bi-directional transmission loss from measurement. There is poor agreement below 400Hz 

which is expectedly associated with low-frequency measurement and modes within the acoustic rooms. 

There is divergence between the methodologies starting at 10kHz. 
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Figure 54: Bi-directional transmission loss of a 0.09in panel comparing experimental measurements and 

computational predictions. 

 

The computed bi-directional transmission loss for the 0.063in (m) panel compares generally well against 

the calculated bi-directional transmission loss from measurement. There is poor agreement below 125Hz 

which is expectedly associated with low-frequency measurement and modes within the acoustic rooms. 

There is divergence between the methodologies starting at 4kHz, significant beyond 6300kHz. 
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Figure 48 (corrected from Figure 43 and Figure 44), is presented in Figure 56. 
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Figure 55: Bi-directional transmission loss of a 0.063in PCF assembly comparing experimental 

measurements and computational predictions. 

 

 

Figure 56: Bi-directional transmission loss of a 0.063in PCF assembly comparing experimental 

measurements and corrected computational predictions. 
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Similarly, the results for the bi-directional transmission loss for the 0.063in (milled) PCF assembly is 

presented in Figure 57, with the corrected results in Figure 58. 

 

Figure 57: Bi-directional transmission loss of a 0.063in (milled) PCF assembly comparing experimental 

measurements and computational predictions. 
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Figure 58: Bi-directional transmission loss of a 0.063in (milled) PCF assembly comparing experimental 

measurements and corrected computational predictions. 

 

The bi-directional transmission loss values are calculated (arithmetic average) from directional 

transmission loss measurements. Directional transmission loss values are calculated from acoustic testing 

of the samples in the forward and reverse directions. The directional transmission loss values can be found 

in Appendix D: Compilation of results. For the BEM-based results, see Figure D- 1 and Figure D- 2 for the 

0.04in panel, Figure D- 3 and Figure D- 4 for the 0.063in (milled) panel, Figure D- 5 and Figure D- 6 for the 

0.063in panel, and Figure D- 9 and Figure D- 10 for the 0.09in panel. For the FEM-based results, see Figure 

D- 7 and Figure D- 8 for the 0.063in PCF assembly and Figure D- 11 and Figure D- 12 for the corrected 

values for the 0.063in PCF assembly. See Figure D- 13 and Figure D- 14, for the results for the 0.063in 

(milled) PCF assembly, and Figure D- 15 and Figure D- 16 for the corrected results. 

The calculated transmission loss (using the BEM-based model) compares well against experimental 

results. The calculated transmission (using the FEM model) correlates well against experimental values, 

and compares well for mid-band frequencies. 
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4.5 CONTROL OF QUALITY OF WORK 

The control of the quality of work in this investigation is exercised two-fold: (1) Preliminary investigations 

reviewing conformance with room qualification tests specified by various international testing standards, 

and (2) a measure of variability of measurements of intra-, and inter-tests. 

Ensuring that the acoustic laboratory is capable of repeatable and reproducible measurement is essential 

in producing meaningful data. The room qualification tests are designed to ensure that the operators of 

the facility can consistently and reliably complete measurements within strict criteria.  The success of a 

test is dependent on the test conditions that are independent of the facility, often a function of time, 

materials and environment, and unusual nearby activity. 

The calculation of intra-test variability is an indicator of the precision of the measurements for a test. The 

calculation of inter-test variability is an indicator of the accuracy of the measurements for a product.  

The confidence in the measured metrics from experimental efforts associated with qualification tests will 

not be revisited as they were thoroughly presented in section 4.1. The measure of confidence of intra-test 

results will not be presented due to the extensiveness of the data. It should be noted that the test data of 

every experimental test did absolutely and completely conform to applicable standards. It is possible that 

certain criteria were not satisfied, such as the absolute maximum background noise levels specified in 

ANSI S12.51; however, the relative background noise criteria by ANSI S12.51 was satisfied.  

In addition to the calculation of the confidence intervals according to the qualification tests outlined in 

ASTM E90, the standard deviation of each type of measurement was calculated, along with the standard 

deviation of each quantity (as a function of frequency) (intermediate calculations that are necessary in 

calculating the confidence intervals) in the amalgamation of data from other tests (also a function of 

frequency). These measures are expressed in units of decibel since the expression of error in percentage, 

though convenient, can be misleading in that small deviations in values (e.g. 3dB) could seem large when 
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normalized using a relatively small performance metric (e.g. transmission loss of 20dB) yielding 15% error. 

Similarly, A 4dB error using 20dB suggests a 20% error. A small variation resulting in a decibel suggested 

an increase of 5%. In practice, the transmission loss of the tested panels ranged between 14dB and 36dB, 

allowing for variability in the sensitivity of the calculation. The representation of error as a percentage 

may appear more drastic, notably in that acceptable ranges for error per standards (depending on 

frequency) can be up to 3.9dB (Annex E for extension of the frequency range below 100Hz) [37]. 

To further complement the review of the quality of work presented herein, the author considered the 

standard deviation of tests. The standard deviation is a measure that is used for calculating the confidence 

intervals, however it is not often used in standards for inter-test analysis (there is no criteria to compare 

values against). This is because the standard deviation is a measure of the dispersion of the test data 

relating to precision, distinct from the accuracy of the measurements. The measure of confidence 

intervals relates to the accuracy of the measurements within an expected distribution of possible 

measurements. The need for criteria was satisfied by comparing the values to the measures for 

repeatability defined by ASTM E90. It was also compared against the stringent criteria defined in ANSI 

S12.51 for the allowable standard deviation of the room survey for a room qualification test. It is 

important to note that ANSI S12.51 criteria are being used to the compare the variability between 

independent tests (not a single test), where there is an inherent expectation for greater variability.  

The confidence interval for transmission loss calculations for forward, reverse, and bi-directional testing 

are found in APPENDIX C: COMPILATION OF ROOM QUALIFICATION TEST RESULTS; see  

Table 16, Table 17, and Table 18, respectively. The associated standard deviation of the confidence 

intervals follow in Table 19,  

Table 20, and Table 22, respectively. 
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Table 4: The calculated standard deviation of the forward, reverse, and bi-directional transmission loss for 

the 0.04in panel for the six most recent tests against ANSI S12.51 criteria intended for room qualification 

and ASTM E90 criteria indicating 95% confidence interval for repeatability. The criteria define the 

maximum permissible variation in sound pressure level measurements for a single test.  

Frequency 
(Hz) 

Standard Deviation of Bi-Directional Transmission Loss (dB) ASTM E90 
Criteria 

ANSI S12.51 
Criteria Forward Reverse Bi-Directional 

20 2.97 1.30 1.55    

25 0.99 1.25 0.90    

31.5 1.57 1.90 0.87    

40 0.28 0.61 0.35  2 

50 1.11 0.67 0.55 4.5dB 2 

63 0.50 1.54 0.80 4.5dB 2 

80 0.48 0.70 0.52 4.5dB 1.5 

100 0.97 0.83 0.84 4.5dB 1.5 

125 1.48 0.82 0.97 3dB** 1.5 

160 0.25 0.56 0.34 3dB** 1 

200 0.25 0.79 0.36 3dB** 1 

250 1.19 0.27 0.58 3dB** 1 

315 1.81 1.86 0.84 3dB** 1 

400 0.78 1.76 0.95 3dB** 1 

500 0.93 0.34 0.36 3dB** 1 

630 0.99 0.12 0.48 3dB** 0.5 

800 1.25 0.63 0.51 1.5dB** 0.5 

1000 0.66 1.08 0.65 1.5dB** 0.5 

1250 0.73 0.66 0.52 1.5dB** 0.5 

1600 0.59 1.21 0.69 1.5dB** 0.5 

2000 0.98 0.88 0.78 1.5dB** 0.5 

2500 0.40 0.75 0.39 1.5dB** 1 

3150 1.07 1.63 0.60 1.5dB** 1 

4000 1.52 1.03 0.73 1.5dB** 1 

5000 1.58 1.27 0.82 1.5dB 1 

6300 1.60 1.12 0.87 1.5dB 1 

8000 1.27 0.99 0.82 1.5dB 1 

10000 1.02 0.39 0.58 1.5dB   

12500 1.23 1.31 0.90 1.5dB   

16000 0.71 0.87 0.70 1.5dB   

20000 1.35 1.61 1.29 1.5dB   
*The presented criteria are not part of ANSI S12.51; criteria are extended between 20Hz and 20kHz following the same pattern. 
**ASTM E90 defines the reproducibility of the measures to be less than 2dB between 125Hz and 4kHz. 
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Table 5: The calculated standard deviation of the forward, reverse, and bi-directional transmission loss for 

the 0.063in (milled) panel for the six most recent tests against ANSI S12.51 criteria intended for room 

qualification and ASTM E90 criteria indicating 95% confidence interval for repeatability. The criteria define 

the maximum permissible variation in sound pressure level measurements for a single test. 

Frequency 
(Hz) 

Standard Deviation of Bi-Directional Transmission Loss (dB) ASTM E90 
Criteria 

ANSI S12.51 
Criteria Forward Reverse Bi-Directional 

20 2.65 1.31 1.43    

25 0.48 0.27 0.29    

31.5 1.32 0.60 0.78    

40 0.49 0.33 0.36    

50 0.95 0.54 0.30 4.5dB 2 

63 0.50 1.27 0.64 4.5dB 2 

80 0.29 0.79 0.49 4.5dB 2 

100 0.50 0.69 0.57 4.5dB 1.5 

125 1.05 0.82 0.88 3dB** 1.5 

160 0.24 0.57 0.34 3dB** 1.5 

200 0.19 0.86 0.42 3dB** 1 

250 0.81 0.26 0.42 3dB** 1 

315 1.84 1.48 0.95 3dB** 1 

400 0.66 1.65 0.79 3dB** 1 

500 0.99 0.54 0.25 3dB** 1 

630 1.02 0.48 0.52 3dB** 1 

800 1.23 0.66 0.44 1.5dB** 0.5 

1000 0.49 1.08 0.61 1.5dB** 0.5 

1250 0.57 0.86 0.52 1.5dB** 0.5 

1600 0.63 0.98 0.58 1.5dB** 0.5 

2000 0.76 0.94 0.71 1.5dB** 0.5 

2500 0.51 0.71 0.42 1.5dB** 0.5 

3150 1.00 1.65 0.57 1.5dB** 1 

4000 1.55 0.67 0.77 1.5dB** 1 

5000 0.85 1.20 0.58 1.5dB 1 

6300 0.68 1.06 0.59 1.5dB 1 

8000 0.87 0.98 0.57 1.5dB 1 

10000 0.80 1.04 0.77 1.5dB 1 

12500 0.73 1.61 0.82 1.5dB   

16000 0.49 0.90 0.52 1.5dB   

20000 1.11 1.46 1.16 1.5dB   
*The presented criteria are not part of ANSI S12.51; criteria are extended between 20Hz and 20kHz following the same pattern. 
**ASTM E90 defines the reproducibility of the measures to be less than 2dB between 125Hz and 4kHz. 
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Table 6: The calculated standard deviation of the forward, reverse, and bi-directional transmission loss for 

the 0.063in panel for the six most recent tests against ANSI S12.51 criteria intended for room qualification 

and ASTM E90 criteria indicating 95% confidence interval for repeatability. The criteria define the 

maximum permissible variation in sound pressure level measurements for a single test. 

Frequency 
(Hz) 

Standard Deviation of Bi-Directional Transmission Loss (dB) ASTM E90 
Criteria 

ANSI S12.51 
Criteria Forward Reverse Bi-Directional 

20 2.61 1.26 1.32    

25 0.46 0.49 0.42    

31.5 1.01 1.17 0.75    

40 0.42 1.43 0.80    

50 1.13 0.48 0.42 4.5dB 2 

63 0.46 1.22 0.60 4.5dB 2 

80 0.33 0.90 0.57 4.5dB 2 

100 0.64 0.53 0.58 4.5dB 1.5 

125 1.22 0.92 0.94 3dB** 1.5 

160 0.30 0.99 0.51 3dB** 1.5 

200 0.31 0.91 0.40 3dB** 1 

250 0.65 0.26 0.36 3dB** 1 

315 1.57 1.51 0.68 3dB** 1 

400 0.71 1.70 0.82 3dB** 1 

500 1.01 0.61 0.25 3dB** 1 

630 0.95 0.50 0.47 3dB** 1 

800 1.38 0.74 0.45 1.5dB** 0.5 

1000 0.73 1.20 0.70 1.5dB** 0.5 

1250 0.72 0.82 0.55 1.5dB** 0.5 

1600 0.52 0.99 0.57 1.5dB** 0.5 

2000 0.77 0.84 0.63 1.5dB** 0.5 

2500 0.54 0.58 0.36 1.5dB** 0.5 

3150 0.84 1.62 0.64 1.5dB** 1 

4000 1.67 0.68 0.86 1.5dB** 1 

5000 1.04 1.12 0.75 1.5dB 1 

6300 0.91 0.73 0.63 1.5dB 1 

8000 1.19 0.90 0.74 1.5dB 1 

10000 1.43 0.73 0.91 1.5dB 1 

12500 1.53 1.06 0.74 1.5dB   

16000 1.62 0.93 0.96 1.5dB   

20000 1.40 1.28 1.22 1.5dB   
*The presented criteria are not part of ANSI S12.51; criteria are extended between 20Hz and 20kHz following the same pattern. 
**ASTM E90 defines the reproducibility of the measures to be less than 2dB between 125Hz and 4kHz. 
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Table 7: The calculated standard deviation of the forward, reverse, and bi-directional transmission loss for 

the 0.063in (milled) PCF assembly for the six most recent tests against ANSI S12.51 criteria intended for 

room qualification and ASTM E90 criteria indicating 95% confidence interval for repeatability. The criteria 

define the maximum permissible variation in sound pressure level measurements for a single test. 

Frequency 
(Hz) 

Standard Deviation of Bi-Directional Transmission Loss (dB) ASTM E90 
Criteria 

ANSI S12.51 
Criteria Forward Reverse Bi-Directional 

20 1.27 1.58 1.04    

25 0.23 0.35 0.18    

31.5 0.95 0.74 0.68    

40 0.25 0.76 0.47    

50 0.45 0.71 0.33 4.5dB 2 

63 0.51 0.74 0.53 4.5dB 2 

80 0.52 0.26 0.24 4.5dB 2 

100 0.41 0.55 0.33 4.5dB 1.5 

125 0.65 0.50 0.52 3dB** 1.5 

160 0.46 0.52 0.30 3dB** 1.5 

200 0.85 0.69 0.39 3dB** 1 

250 1.08 0.63 0.63 3dB** 1 

315 1.16 0.43 0.70 3dB** 1 

400 0.94 0.80 0.65 3dB** 1 

500 1.05 0.50 0.69 3dB** 1 

630 0.98 0.43 0.35 3dB** 1 

800 0.74 0.52 0.55 1.5dB** 0.5 

1000 0.29 0.29 0.18 1.5dB** 0.5 

1250 0.44 0.40 0.09 1.5dB** 0.5 

1600 0.87 0.45 0.59 1.5dB** 0.5 

2000 0.62 0.65 0.55 1.5dB** 0.5 

2500 0.93 1.21 0.79 1.5dB** 0.5 

3150 0.87 0.74 0.17 1.5dB** 1 

4000 0.44 0.78 0.60 1.5dB** 1 

5000 1.19 0.84 0.94 1.5dB 1 

6300 1.06 0.40 0.70 1.5dB 1 

8000 1.50 2.34 1.87 1.5dB 1 

10000 1.88 1.59 1.70 1.5dB 1 

12500 1.74 2.64 2.16 1.5dB   

16000 0.96 2.03 1.43 1.5dB   

20000 0.71 0.74 0.57 1.5dB   
*The presented criteria are not part of ANSI S12.51; criteria are extended between 20Hz and 20kHz following the same pattern. 
**ASTM E90 defines the reproducibility of the measures to be less than 2dB between 125Hz and 4kHz. 
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Table 8: The calculated standard deviation of the forward, reverse, and bi-directional transmission loss for 

the 0.063in PCF assembly for the six most recent tests against ANSI S12.51 criteria intended for room 

qualification and ASTM E90 criteria indicating 95% confidence interval for repeatability. The criteria define 

the maximum permissible variation in sound pressure level measurements for a single test. 

Frequency 
(Hz) 

Standard Deviation of Bi-Directional Transmission Loss (dB) ASTM E90 
Criteria 

ANSI S12.51 
Criteria Forward Reverse Bi-Directional 

20 0.95 1.54 0.98    

25 0.30 0.37 0.30    

31.5 1.10 0.45 0.62    

40 0.38 0.87 0.52    

50 0.83 0.87 0.62 4.5dB 2 

63 0.56 0.68 0.47 4.5dB 2 

80 0.54 0.21 0.20 4.5dB 2 

100 0.63 0.59 0.45 4.5dB 1.5 

125 1.01 0.38 0.65 3dB** 1.5 

160 0.70 0.58 0.42 3dB** 1.5 

200 0.40 0.69 0.42 3dB** 1 

250 1.24 0.94 0.98 3dB** 1 

315 1.80 0.77 1.24 3dB** 1 

400 1.01 0.67 0.56 3dB** 1 

500 1.18 0.44 0.74 3dB** 1 

630 0.93 0.33 0.38 3dB** 1 

800 0.85 0.60 0.63 1.5dB** 0.5 

1000 0.70 0.42 0.35 1.5dB** 0.5 

1250 0.84 0.42 0.23 1.5dB** 0.5 

1600 1.41 0.61 0.94 1.5dB** 0.5 

2000 0.77 0.56 0.39 1.5dB** 0.5 

2500 0.59 1.00 0.55 1.5dB** 0.5 

3150 0.83 0.87 0.71 1.5dB** 1 

4000 1.38 0.25 0.71 1.5dB** 1 

5000 0.66 0.81 0.65 1.5dB 1 

6300 1.49 0.53 0.82 1.5dB 1 

8000 1.62 0.97 1.05 1.5dB 1 

10000 1.64 0.53 0.71 1.5dB 1 

12500 1.56 0.60 0.78 1.5dB   

16000 2.09 0.50 1.01 1.5dB   

20000 1.35 0.54 0.83 1.5dB   
*The presented criteria are not part of ANSI S12.51; criteria are extended between 20Hz and 20kHz following the same pattern. 
**ASTM E90 defines the reproducibility of the measures to be less than 2dB between 125Hz and 4kHz. 
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Table 9: The calculated standard deviation of the forward, reverse, and bi-directional transmission loss for 

the 0.09in panel for the six most recent tests against ANSI S12.51 criteria intended for room qualification 

and ASTM E90 criteria indicating 95% confidence interval for repeatability. The criteria define the 

maximum permissible variation in sound pressure level measurements for a single test. 

Frequency 
(Hz) 

Standard Deviation of Bi-Directional Transmission Loss (dB) ASTM E90 
Criteria 

ANSI S12.51 
Criteria Forward Reverse Bi-Directional 

20 2.37 1.40 1.26    

25 0.50 0.27 0.35    

31.5 1.65 0.85 1.13    

40 0.71 0.65 0.31    

50 1.03 0.51 0.49 4.5dB 2 

63 0.51 1.40 0.69 4.5dB 2 

80 0.41 0.91 0.58 4.5dB 2 

100 0.64 1.11 0.85 4.5dB 1.5 

125 1.12 0.98 0.97 3dB** 1.5 

160 0.37 0.70 0.42 3dB** 1.5 

200 0.37 1.23 0.60 3dB** 1 

250 0.59 0.55 0.33 3dB** 1 

315 1.77 1.97 0.84 3dB** 1 

400 0.96 1.92 0.89 3dB** 1 

500 1.13 0.81 0.43 3dB** 1 

630 0.83 0.73 0.49 3dB** 1 

800 1.81 0.69 0.64 1.5dB** 0.5 

1000 0.91 1.39 0.97 1.5dB** 0.5 

1250 0.96 0.66 0.63 1.5dB** 0.5 

1600 0.59 0.99 0.61 1.5dB** 0.5 

2000 0.74 0.83 0.57 1.5dB** 0.5 

2500 0.46 0.68 0.34 1.5dB** 0.5 

3150 0.99 1.53 0.59 1.5dB** 1 

4000 1.67 0.96 0.94 1.5dB** 1 

5000 0.81 1.11 0.69 1.5dB 1 

6300 0.72 0.56 0.48 1.5dB 1 

8000 1.20 1.86 1.37 1.5dB 1 

10000 1.34 1.08 0.98 1.5dB 1 

12500 1.20 1.34 0.74 1.5dB   

16000 1.26 1.09 0.75 1.5dB   

20000 1.83 1.58 1.54 1.5dB   
*The presented criteria are not part of ANSI S12.51; criteria are extended between 20Hz and 20kHz following the same pattern. 
**ASTM E90 defines the reproducibility of the measures to be less than 2dB between 125Hz and 4kHz. 
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There is a significant amount of data presented in Table 4, Table 5, Table 6, Table 7, Table 8 and Table 9. 

The general finding is that the standard deviation calculated for the forward, reverse and bi-directional 

transmission loss for every panel is within the ASTM E90 criteria. The variability for transmission loss in 

each direction nearly conforms to the more stringent criteria defined in ANSI S12.51 for intra-test 

variability calculation. Outliers vary as a function of frequency, according to direction of test and between 

test samples. There is no significant finding to report otherwise. 

On the topic of experimental verification, the DAQ program was debugged thoroughly and verified using 

qualification methods. The post-processing worksheets were reviewed carefully and revisions were 

tracked. The experimental results were also recorded and compiled within the reproducibility worksheet 

described in section 2.2.2.  

The computational methods were also explored with great thoroughness and each parameter was 

controlled and well as manipulated with the results used to identify the influence. Sensitivity checks 

investigated susceptibility to error and general robustness of the approach. No significant problems were 

identified. It was observed that parameters that contributed minimally included the definition of degrees 

of freedom of restraints, density of materials, and large global damping values. 

 

4.6 SUPPLEMENTARY TEST RESULTS  

Several supplemental investigations reviewed concepts that improved and/or provided insight on related 

subjects of the problem. The determination of insertion loss and sound power level were easily 

incorporated early in the planning, organization and implementation phases of the work described in this 

document. The additional metrics could provide useful insight relating to computational design solutions 

relating to direct acoustic analyses. The measurement of viscoelastic material properties was integral for 

computational modelling purposes. Measurement of the acoustic absorption of the viscoelastic material 
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was easily possible because the infrastructure and the means was already in place. There remains an 

interest in observing any correlations between acoustic absorption properties of the material and the 

extent of damping of vibrations of the panel due to the addition of the viscoelastic material (see section 

4.6.4).  

 

4.6.1 INSERTION LOSS AND SOUND POWER LEVEL DETERMINATION 

Though insertion loss and sound power level values were calculated, their contribution to the 

investigation was not significant. Insertion loss measures are most often associated with the contribution 

from the installation of a test product. That is, the increase in attenuation due to the addition of a 

component or product. A measure of insertion loss could have been more useful in the analysis and 

comparison of variable damping materials. 

The estimation of the sound power qualities of an acoustic source is regarded as the primary tool used in 

design of solutions intended to resolve noise problems, while sound pressure is used to diagnose or 

troubleshoot it. The theoretical use of sound power is significant in that analysis of energy systems is well 

understood and reliable. Sound power is a better indication of the severity of a potential noise problem 

and the measures required to eliminate the problem. 

Results for insertion loss calculated in the forward direction are presented in Table 10 and in the reverse 

direction in Table 11. The standard deviation of these measures is found in the APPENDIX D: COMPILATION OF 

RESULTS; see Table 23 for forward insertion loss and Table 24 for reverse insertion loss. As alluded to, the 

calculated values for insertion loss were not significantly distinguishable between test panels. There are 

no criteria against which the measured variability can be reviewed. 
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Table 10: The calculated insertion loss in the forward direction (from the reverberation chamber to the 

semi-anechoic room) for 0.04in, 0.063in (milled), 0.063in, 0.063in (milled) PCF, 0.063in PCF, and 0.09in 

panels according to ASTM E477. 

Frequency 
(Hz) 

Insertion Loss (Forward) (dB) 

0.04in 0.063in (m) 0.063in 0.063in (m) PCF 0.063in PCF 0.09in 

50 10 9 11 14 15 11 

63 12 12 13 12 13 12 

80 9 8 10 11 13 12 

100 13 11 14 15 18 16 

125 12 13 15 16 19 16 

160 6 6 6 10 12 11 

200 8 8 8 12 13 14 

250 10 9 10 13 15 12 

315 14 15 17 19 21 19 

400 16 15 17 18 20 18 

500 14 14 15 22 24 15 

630 19 19 20 22 25 21 

800 17 17 18 19 21 18 

1000 20 20 20 23 27 20 

1250 17 17 16 24 26 16 

1600 20 20 21 25 27 21 

2000 21 21 21 24 26 22 

2500 22 22 23 27 28 23 

3150 25 25 26 26 30 26 

4000 25 24 24 25 30 25 

5000 27 27 27 23 33 28 

6300 26 26 26 26 36 28 

8000 24 24 24 29 39 31 

10000 24 23 24 32 41 30 

12500 24 23 25 30 43 29 

16000 28 29 31 37 42 36 

20000 29 29 29 32 32 29 
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Table 11: The calculated insertion loss in the reverse direction (from the semi-anechoic room to the 

reverberation chamber) for 0.04in, 0.063in (milled), 0.063in, 0.063in (milled) PCF, 0.063in PCF, and 0.09in 

panels according to ASTM E477. 

Frequency 
(Hz) 

Insertion Loss (Reverse) (dB) 

0.04in 
0.063in 

(m) 
0.063in 

0.063in 
(m) PCF 

0.063in 
PCF 

0.09in 

50 9 8 10 12 14 10 

63 9 9 11 9 10 11 

80 11 10 13 14 12 11 

100 15 14 16 16 19 19 

125 9 11 14 11 15 15 

160 6 6 6 9 12 10 

200 8 8 7 11 13 14 

250 11 10 11 14 16 13 

315 14 14 17 17 21 19 

400 17 16 19 18 21 20 

500 15 15 15 18 21 17 

630 15 15 16 20 23 17 

800 20 21 21 23 23 21 

1000 20 20 22 24 26 22 

1250 21 21 21 23 23 21 

1600 19 19 19 21 23 19 

2000 19 19 19 23 25 19 

2500 22 23 23 26 28 23 

3150 26 26 26 27 30 26 

4000 25 25 25 25 30 26 

5000 25 26 25 24 35 28 

6300 24 24 23 25 38 27 

8000 23 23 23 29 42 29 

10000 23 23 23 33 42 28 

12500 28 27 28 32 44 33 

16000 31 32 32 39 42 38 

20000 31 30 30 33 34 30 

 

Results for the calculated sound power level in the receiving room due to the vibration of the panel due 

to the acoustic source are found in Table 12. The calculation of the sound power level of the noise 

generated by the panel vibrations is valuable information that can be used to design the wall of the 

passenger cabin. Specifically, the reverse direction (denoted by REV) is indicative of the sound power level 
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that would be expected inside the cabin whereas the forward direction (denoted FWD) is indicative of the 

sound power level that would be expected outside the aircraft. The contribution of the panel vibrations 

to environmental noise is less significant than the contribution to cabin noise. 
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Table 12: The sound power level of the vibrating plate in the receiving room in forward and reverse testing 

directions for 0.04in, 0.063in (milled), 0.063in, 0.063in (milled) PCF, 0.063in PCF, and 0.09in panels, in 

accordance with the testing methodology specified in ANSI S12.51. 

Frequency 
(Hz) 

Sound Power Level in Receiving Room (dB) 

0.04in 0.063in (m) 0.063in 
0.063in (m) 

PCF 
0.063in PCF 0.09in 

FWD REV FWD REV FWD REV FWD REV FWD REV FWD REV 

50 50 46 52 47 50 45 48 41 47 41 49 45 

63 56 48 56 48 55 46 52 43 51 43 54 46 

80 61 43 61 44 60 42 58 41 56 40 58 42 

100 62 47 64 48 62 46 59 44 57 42 60 44 

125 44 41 43 39 41 37 39 37 37 33 40 36 

160 64 56 64 56 64 56 59 49 57 47 59 51 

200 55 49 55 49 55 49 51 40 49 39 49 43 

250 56 44 57 44 56 43 56 39 53 37 55 42 

315 42 41 41 40 39 37 45 33 42 30 38 35 

400 43 31 44 31 41 29 43 28 40 26 41 28 

500 44 39 44 38 42 38 39 37 36 35 42 36 

630 44 44 44 43 43 43 43 40 40 38 42 42 

800 47 40 47 39 46 37 45 36 43 35 45 37 

1000 44 43 44 43 42 41 43 36 40 35 42 41 

1250 36 34 36 33 35 32 29 27 27 27 35 33 

1600 41 39 41 39 40 38 36 37 34 34 39 39 

2000 41 41 41 41 40 41 39 38 36 36 40 41 

2500 38 36 38 36 38 36 36 35 33 31 37 35 

3150 36 36 36 36 36 36 37 35 32 31 35 35 

4000 37 37 37 36 37 36 38 36 32 30 36 35 

5000 32 32 32 32 32 32 35 33 27 23 31 30 

6300 30 31 30 31 30 31 31 30 23 19 28 28 

8000 33 34 33 35 33 35 29 29 21 18 27 29 

10000 30 28 31 29 30 28 24 20 16 12 25 23 

12500 25 22 26 22 24 21 22 19 12 9 21 17 

16000 18 15 18 15 15 14 13 12 7 7 11 9 

20000 7 4 7 3 6 3 5 4 5 3 5 2 

 

The results for insertion loss in accordance to ASTM E477 with the absence of an aerodynamic component 

(airflow) – ultimately calculating the attenuation of acoustic energy using another methodology, suggest 

the methodology to be less accurate and precise in distinguishing the performance of a panel with subtle 

geometric changes. For instance, the insertion loss between 0.04in, 0.063in (milled) and a 0.063in panel 
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may be regarded as negligible, or inconsistent. In contrast, more significant changes in geometry (0.09in, 

or the inclusion of damping materials) was clearly observed when considering insertion loss.  

The results of the determination of the sound power levels of the radiating panel was consistent and 

depicted a clear and expected trend. The vibrating panel radiating noise can be observed as an acoustic 

source inside the cabin. The correlation indicated that thinner panels were more susceptible to vibration 

and in turn generating higher noise levels. The thinner panels were more efficient in radiating sound 

energy (less attenuation) resulting in higher sound power levels.  

 

4.6.2 MEASUREMENT OF VISCOELASTIC DAMPING MATERIALS PROPERTIES 

As mentioned in section 2.4.2, four different composites were acquired. Constraints on time and 

opportunity to use testing apparatus did not allow determination of the properties for every sample. The 

material properties for ADC-124 and ADC-324 were determined, while most of the material properties of 

ADC-1312 and ADC-1512 were determined. Only ADC-124 was tested and modeled (computationally) 

using the methodologies described previously due to the very similar qualities to ADC-324. As described 

in section 2.4.2, some properties were collected from literature while others were estimated through 

various experimental techniques. The results are presented in Table 13.  
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Table 13: Material properties of viscoelastic closed-cell foams provided by Aearo Technologies LLC (3M 

company). 

Property 
Composite 

ADC-124 ADC-324 ADC-1312 ADC-1512 

Static Flow Resistivity 
Units of Pa-s/m2 

1,000,000 1,000,000 1,000,000 1,000,000 

Characteristic Viscous Length 
Units of mm 

0.122 0.118 N/C N/C 

Characteristic Thermal Length 
Units of mm 

0.0120 0.0116 N/C N/C 

Tortuosity 
Unitless 

2.52 2.52 2.52 2.52 

Porosity 
Units in percentage 

68.5% 68.9% 74.8% 73.3% 

Young’s Modulus 
Units in Pascal 

25,8000 86,700 1,530,000 4,350,000 

Poisson’s Ratio 
Unitless 

0.05 0.05 N/C N/C 

N/C: not calculated 

The calculation of Poisson’s ratio through Equation 14 demonstrated large variability between 0.035 and 

0.60. The calculated average is approximately 0.18, with relatively large variability (0.25). The large 

variability is believed to be a result of sensitivity of the measurements and the formulation. 

Average measurements of the diameter before and after each test showed negligible variation using the 

calibrated Vernier caliper. Associating the vertical and lateral strain, the average measure for Poisson’s 

ratio using this method (using data from the Vernier caliper) was between 0.04 and 0.07; a value of 0.05 

was used for all computational efforts. This measure was representative of the observed result during 

testing where compression of the disks yielded negligible expansion of the disks outwards. 

The calculation of Young’s Modulus of the samples were affirmed through the calculation of the property 

through the stress-strain relationship, by calculating the stress knowing the applied load (force) across the 

sample cross-section (area), and dividing it by the strain of the sample (which was controlled and known 

from measurement). 
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4.6.3 ACOUSTIC ABSORPTION MEASUREMENTS OF VISCOELASTIC DAMPING MATERIALS 

The acoustic absorption of the viscoelastic closed-cell foam damping material was measured in 

accordance to ASTM C423 and supporting standards. An additional investigation, not deviating 

significantly from the testing procedures defined in the standard, investigated the effects of positioning 

the damping material directly in front of the acoustic source. The intention of this effort was to alleviate 

the effects of the reflective adhesive and film lining on the exposed surface of the material sample 

(hindering acoustic absorption of the foam). By positioning the viscoelastic damping material directly in 

front of the acoustic source, the acoustic field inside the reverberant chamber was directly affected by 

the forced absorption due to the material. The change in the sound field is nonetheless attributed to the 

damping material, however the effects are amplified.  

The absorption coefficients for the ADC-124 sample, the ADC-124* (positioned directly in front of the 

acoustic source), the ADC-324 sample, and for the empty room are presented in Figure 59. The results for 

ADC-124 and ADC-124* demonstrate that placement of the material is important in the acoustic room. As 

described previously, the absorption effects are amplified by positioning the damping material directly in 

front of the speaker. The results are significant (approximately 0.1) and isolated to the 200Hz to 1250Hz 

range. Applying the difference as a correction to ADC-124 (imitating ADC-124*) and ADC-324, we observe 

a measure of absorptivity that would likely be more representative of the foam independent of its two 

reflective surfaces in Figure 60. 
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Figure 59: The absorption coefficient calculated following ASTM C423 methodology for ADC-124 and ADC-

324 material samples. ADC-124* demonstrates the calculated absorption coefficient for the sample 

positioned in front of the acoustic source. 

 

The change in position of the material sample did improve the absorptive response between 200Hz and 

1250Hz. The general absorptive response as a function of frequency is evident; the only difference is a 

change in magnitude of absorption. 
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Figure 60: Absorption coefficients for ADC-124 and ADC-324 using corrections that make up the difference 

between ADC-124 and ADC-124*.  

 

Figure 59 and Figure 60 suggest that ADC-124 demonstrates better absorption qualities across the entire 

acoustic spectrum. There is not enough data to present a thorough review of the reproducibility of the 

results, however the maximum relative permissible variation in decay rate was already satisfied in section 

4.1.3. 

 

4.6.4 VIBRATION MEASUREMENT AND RESONANCE 

In section 2.4.4, the motivation for vibration measurement of a vibrating panel and observation of 

resonant peaks at natural frequencies was described. To reiterate, the comparison of the measured and 

computed structural modes using vibration measurement techniques can be regarded as a review of an 

intermediate step (the vibration response due to the acoustic excitation) in this investigation. Considering 
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is implied that the structural modes are properly computed since the computed structural modes are used 

to then predict the acoustic response of the panels. This supplemental investigation hoped to affirm 

computed structural modes using vibration measurement techniques using the Polytec PSV-300 laser 

vibrometer and to confirm and present evidence of vibro-acoustic reciprocity. The velocity of panel 

vibrations at points of interest were measured using the laser vibrometer via single point measurement 

or a scan of (manually) pre-set points on the structure. The effectiveness of three different excitation 

methods were investigated: an impulse hammer, an acoustic broadband source, and an acoustic discrete 

(tonal) source. All measurements were conducted on a 0.063in panel. In all the tests below, the sampling 

frequency was determined considering the frequency range of interest. The Nyquist frequency was 

calculated internally by the software using a factor of 2.56 serving as a low-pass filter to avoid measuring 

“folded” frequencies. The software also incorporates anti-aliasing measures to ensure accurate capture 

of the signal. The signal is filtered analog, and digitally to reject alias. The digital filter allows for a sharp 

cutoff and the analog filter attenuates frequencies near the oversampling frequency (digital filter) that 

the digital filter cannot attenuate. 

The impulse, or impact, hammer was an effective tool for exciting resonant frequencies, though human 

error was evident in the variability in the results due to variable force transferred at strike, location of 

strike, period (length) of contact between the hammer and the panel, all of which influenced the SNR. 

Reviewing the results, repeatability of resonant frequencies of a single panel could vary (by interpretation) 

by as much as 30Hz, but most often varied within 5Hz. Moreover, this variability was observed by 

measuring the velocities between different locations on the panel which is differentiated to calculate 

accelerations. Reviewing repeatability of two “identical” panels showed resonant frequencies that 

differed by as much as 50Hz (but often less), with the disappearance or appearance of resonant peaks (by 

interpretation). It is likely that these “identical panels” were manufactured inexactly (rolled) resulting in 
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variability in panel geometry (thickness, width, height) and/or from different sources (density, 

composition).  

Measurement of the panel vibrations was completed over a large frequency range (2.5Hz to 25kHz) at fine 

resolution (3.90625Hz). Only a quadrant (bottom-right) was scanned using the laser vibrometer due to 

symmetry (at four points: in the middle of the panel, in the middle of the quadrant, and midpoint between 

the middle and right edges of the panel). As expected, the collected data appears extremely noisy at high 

frequencies. Data is presented up to 6.4kHz for both panels can found in Figure 61 and Figure 62. Hammer 

strikes were defined as near to the centre of the panel as possible without interfering with measurement 

at that location. 

 

Figure 61: The spectral response of the first 0.063in panel struck by an impulse hammer for a reduced 

frequency range up to 6.4kHz. Due to the resolution of acquired measurements, the graph appears noisy. 

There is significant noise at values greater than 2kHz where the amplitude of the accelerations at resonant 

frequencies is no longer significant or effectively excited. 
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In Figure 61, we observe clear resonant peaks at values below 1kHz. The decay in amplitude of the signal 

settles between 1kHz and 2kHz before slowly increasing in variability beyond 2kHz due to signal noise. 

The amplitude of the accelerations at resonant frequencies below 1kHz are significant, demonstrating 

approximately an order of magnitude greater than the magnitude of the accelerations of the signal 

between 1kHz to 2kHz. The large magnitude of the accelerations at resonant frequencies is indicative of 

the efficiency in their excitation using the impulse hammer. 

 

Figure 62: The spectral response of the second 0.063in panel struck by an impulse hammer for a reduced 

frequency range up to 6.4kHz. Due to the resolution of acquired measurements, the graph appears noisy. 

There is “significant noise” at values greater than 2kHz where the amplitude of the acceleration at 

resonant frequencies are not large enough to be distinguished or effectively excited. 

 

The results in Figure 62 (the second 0.063in panel) imitate those in  Figure 61. We observe clear resonant 

frequencies below 2kHz (a greater range than the first panel). However, the graph appears noisier than 

the first panel. The decay in amplitude of the signal settles approximately at 2kHz before slowly increasing 

in variability beyond 2kHz due to signal noise. The amplitude of the accelerations at resonant frequencies 

0

50

100

150

200

250

300

350

400

450

0 1000 2000 3000 4000 5000 6000

A
cc

el
er

at
io

n
 (

m
/s

2 )

Frequency (Hz)

Resonant Frequencies Excited by Impulse Hammer

Panel 2



  166 

below 2kHz are significant, demonstrating approximately an order of magnitude greater than the 

magnitude of the accelerations of the signal at approximately 2kHz (before the signal becomes 

significantly noisier). The difference in magnitude between the accelerations for the first and second panel 

are a function of the force transmitted by the hammer strike. Moreover, there are resonant peaks that 

appear between 1kHz and 2kHz that were not captured in the Figure 61. 

 

To review Figure 61 and Figure 62 more effectively, the frequency range was reduced to 1kHz. Figure 63 

and Figure 64 present the data more clearly, respectively. 

 

Figure 63: The spectral response of the first 0.063in panel struck by an impulse hammer for a reduced 

frequency range up to 1kHz. 
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Figure 64: The spectral response of the second 0.063in panel struck by an impulse hammer for a 

reduced frequency range up to 1kHz. 

 

There is an evident difference in the responses of the two panels with respect to amplitude of the 

accelerations at resonant frequencies. There is a slight shift in some of the resonant frequencies that were 
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the two samples. These findings can be observed in Table 14. 
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Table 14: The first twenty resonant modes computed for a 0.063in panel using LMS Virtual.Lab restrained 

in X, Y, Z, and about X, Y, Z. The (experimental) peaks were identified by peak accelerations at the center 

of a panel excited by an impulse hammer strike. The computed modes are compared with two identical 

0.063in panels.   

Modes (Hz) Difference 

Computational Panel 1 Panel 2 
Δf (Hz) % Δf 

Panel 1 Panel 2 Panel 1 Panel 2 

51.2 Not Captured Not Captured - - - - 

102.1 Not Captured Not Captured - - - - 

106.9 Not Captured 112 - 5.1 - 5% 

154.0 163 155 9 1 6% 1% 

182.0 Not Captured Not Captured - - - - 

193.4 Not Captured Not Captured - - - - 

- 209 208 - - - - 

231.3 235 233 3.7 1.7 2% 1% 

238.2 Not Captured Not Captured - - - - 

289.5 277 Not Captured 12.5 - 4% - 

309.5 Not Captured Not Captured - - 0% - 

313.0 322 325 9 12 3% 4% 

337.2 Not Captured 340 - - - - 

353.0 351 Not Captured 2 - 1% - 

- Not Captured 380 - - - - 

417.0 Not Captured Not Captured - - - - 

424.2 424 Not Captured 0.2 - 0% - 

426.0 Not Captured Not Captured - - - - 

454.9 465 448 10.1 6.9 2% 2% 

471.1 Not Captured 475 - 3.9 - 1% 

497.7 497 495 0.7 2.7 0% 1% 

528.0 539 Not Captured 11 - 2% - 

549.2 558 560 8.8 10.8 2% 2% 

 

Association of the tested resonant modes with the respective computed resonant modes is done by 

closest proximity. Confirmation of these results should be the focus of future work necessitating modal 

analysis, or more specifically, by reviewing the computed and experimental mode shapes. There is 

consistency between the computed and measured modes for the 0.063in panel using the impulse 

hammer. The largest discrepancy observed is a 12.5Hz (associated with 289.5Hz) in Panel 1 and 10.8Hz 
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(associated with 549.2Hz) in Panel 2. There is correlation in the differences that is uniform (the absolutely 

difference is not increasing to indicate a skew) with increasing frequency of the resonant modes [60]. The 

percentage error of the difference relative to the average is comparably low relative to more complex (of 

a valve train in an internal combustion engine) modelling and modal testing efforts, which demonstrate 

%Δf values as great as 30% [61]. 

 

Figure 65: The correlation of computed and measured modes using an impulse hammer for two identical 

0.063in panels. The difference between the methodologies is consistent (no deviation or bias) indicating 

good modelling practice. The correlation of the results for the measured test frequencies and computed 

frequencies for each panel are shown (panel 1 using triangles, panel 2 using squares), and compared 

against a modeled slope (1:1) demonstrating a line of best fit. 

 

The calculated R2 value demonstrates how closely the measured frequencies fit to the regression line. The 

R2 of Panel 1 and 2 is 0.997 and 0.9985, respectively. This shows good agreement between the 

computational and experimental resonant frequencies. 
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An acoustic source generating a broadband output was also effective in exciting resonant frequencies. In 

contrast to the impulse hammer, the acoustic source was not as effective in exciting peak velocities 

(vibrations) with the same amplitude. The data was acquired over for the frequency range of 0.5Hz to 

5kHz at fine resolution (0.78125Hz), see Figure 66. Measurements were collected at the center of the 

panel. It is important to note that a measure of coherence of the input signal to the output signal was not 

calculated due to complications in the processing software in saving the input signal from the impulse 

hammer. The data may appear noisy, notably at higher frequencies, however the collection of data 

(quantity due to resolution), modal density, and nature of the excitation source (continuous and 

broadband) are contributing factors in that appearance. It is possible that an acoustic source that is 

capable of greater sound power output would be more effective in exciting resonant frequencies, or an 

array of acoustic sources to provide acoustic excitation of greater quality resulting from the generation of 

discrete components (but still as part of a broadband signal output). The effective output would 

distinguish low-, mid-, and high-frequency ranges, or even control of fractional octave bands. 
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Figure 66:  Resonant frequencies of a 0.063in panel measured at the center of a panel that is excited by 

an acoustic broadband source. A contribution of the combination of modal density and significant noise 

makes resonant peaks nearly indistinguishable beyond 2500Hz, but unmistakable below 2kHz.  

 

By resolving the frequency range more narrowly up to 2kHz, the peaks of the measured vibrations are 

more clearly observed visually; apparent in Figure 67.  
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Figure 67: Resonant frequencies of a 0.063in panel measured at the center of a panel that is excited by an 

acoustic broadband excitation. The frequency range is reduced from 0.5Hz to 5kHz to 0.5Hz to 1kHz. Due 

to the resolution of collected data, the spectral data appears less noisy. Resonant peaks are evident and 

unmistakable.  

 

The first twenty resonant frequencies from simulation (and associated experimental testing) are 

compared in Table 15. Not all frequencies are observed as the extent of the presentation of the material 

here is restricted to the measurements at the center of the panel. 
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Table 15: The first twenty resonant modes computed for a 0.063in panel using LMS Virtual.Lab restrained 

in X, Y, Z, and about X, Y, Z. The (experimental) peaks were identified by peak accelerations at the center 

of a panel excited by an acoustic broadband source.  

Modes (Hz) Difference 

Computational Experiment Δf (Hz) % Δf 

51.2 Not Captured - - 

102.1 Not Captured - - 

106.9 106 0.9 1% 

154.0 150 4 3% 

182.0 186 4 2% 

193.4 Not Captured - - 

231.3 Not Captured - - 

238.2 237 1.2 1% 

- 278 - - 

289.5 290 0.5 0% 

309.5 Not Captured - - 

313.0 315 2 1% 

337.2 341 3.8 1% 

353.0 Not Captured - - 

417.0 414 3 1% 

424.2 Not Captured - - 

426.0 430 4 1% 

454.9 453 1.9 0% 

- 460 - - 

471.1 470 1.1 0% 

497.7 Not Captured - - 

528.0 Not Captured - - 

549.2 548 1.2 0% 

 

Association of the tested resonant modes with the respective computed resonant modes is done by 

closest proximity. Confirmation of these results should be the focus of future work necessitating modal 

analysis, or more specifically, by reviewing the computed and experimental mode shapes. There is 

consistency between the computed and measured modes for the 0.063in panel using a broadband 

acoustic source. The largest discrepancy observed is a difference of 4Hz (associated with 154Hz, 182Hz 

and 426Hz). There is correlation in the differences that is uniform (the absolutely difference is not 

increasing to indicate a skew) with increasing frequency of the resonant modes [69]. The percentage error 
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of the difference relative to the average is comparably low relative to more complex modelling and modal 

testing efforts, which demonstrate %Δf values as great as 30% [70]. 

 

Figure 68: The correlation of computed and measured modes using an acoustic broadband source for a 

0.063in panel. The difference between the methodologies is consistent (no deviation or bias) indicating 

good modelling practice, which is observed by comparing the correlated test frequencies and computed 

frequencies against a modeled slope (1:1) demonstrating a line of best fit. 

 

The calculated R2 value relative to the regression line is 0.9996. This shows good agreement between the 

computational and experimental resonant frequencies. 

Following encouraging results using the acoustic broadband source, a third alternative – a discrete (tonal) 

noise source, was explored. The use of a discrete noise source to excite vibration in a panel of the same 

frequency is an exemplary model demonstrating vibro-acoustic reciprocity. The frequency range for 

measurement was between 20Hz and 8kHz at a resolution 1.25Hz.  
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The acoustic discrete source was not as effective as the impulse hammer in generating peak vibration 

velocities, but the signal-to-noise ratio is highly favourable. The results were exact with respect to 

frequency of excitation and measured frequency of vibration, which is observed in Figure 69 for a 100Hz 

tone, Figure 70 for a 500Hz tone, Figure 71 for a 1kHz tone, Figure 72 for a 2kHz tone, and Figure 73 for a 

5kHz tone. Measurements were collected at the center of the panel. Unfortunately, due to constraints on 

time, the author could not further develop the DAQ software to enable a controlled sweep of the discrete 

excitation source while continuously measuring the panel for vibration. An iterative experimental 

approach was not pursued as the frequency range of interest (20Hz to 20kHz or 100Hz to 5kHz) would 

have to be resolved into high fractional octave bands to observe a representative response of the 

structural vibrations of the panel. 

 

Figure 69: The measured resonant peaks of a 0.063in panel excited by a 95dB tone at 100Hz. 

 

0

20

40

60

80

100

120

140

0 1000 2000 3000 4000 5000

A
cc

el
er

at
io

n
 (

m
/s

2
)

Frequency (Hz)

Panel Vibrations Excited by Generated Tones

100Hz Response [m/s^2]



  176 

 

Figure 70: The measured resonant peaks of a 0.063in panel excited by a 100dB tone at 500Hz. 

 

 

Figure 71: The measured resonant peaks of a 0.063in panel excited by a 110dB tone at 1kHz. 
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Figure 72: The measured resonant peaks of a 0.063in panel excited by a 105dB tone at 2kHz. 

 

 

Figure 73: The measured resonant peaks of a 0.063in panel excited by a 95dB tone at 5kHz. 
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These figures demonstrate highly favourable signal-to-noise ratios. The emitted discrete excitation and 

the measured vibration observed no error in the (difference, Δf) frequency shift and consequently 

percentage error in the shift (% Δf). 

There is, however, on Figure 69 and Figure 70 repeated peaks at multiples of the emitted discrete 

frequency. There is a clear demonstration of odd and even harmonics [71]. This is not an erroneous 

measurement; it is a result of the product of the FFT of a signal that is not easily transformed from the 

time domain to the frequency domain. A square signal is an exemplary instance where the collective 

contribution of pure sine waves of the FFT to represent the square signal result in discrete peaks at odd 

and/or even intervals [72].  

The behaviour of the panel due to a forced excitation at various forcing frequencies needs to be 

considered. With increasing frequency, it is accepted that there is an increase in the complexity of the 

mode shapes. For a panel that is restrained at its edges, it is expected that the magnitude of the maximum 

panel displacements decrease with increasing frequencies due to more complex mode shapes. At forcing 

frequencies that do not coincide with resonant modes, the output demonstrates a behaviour that is 

representative of a combination of mode shapes that is consistent with the aforementioned dynamics.  

Unfortunately, it was not possible to save the original (before the transformation) velocity measurements 

of the panel as a function of time using the laser vibrometer (accelerations are differentiated and 

displacements are integrated). It is believed that the measured signal of the panel vibrations at a forcing 

frequency of a 100Hz closely resembles a nearly square signal. With increasing (forcing) frequency (of the 

acoustic discrete excitation source), there is an associated increase in complexity of mode shapes of the 

panel and a decrease in magnitude of panel vibrations that reduces the seeming appearance of a square 

wave to that of a more traditional sine wave. This results in the disappearance of the discrete peaks at 

multiple intervals in Figure 71, Figure 72, and Figure 73. It is believed that the bifurcation motion (sudden 
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and accelerated change in direction form neutral position) of the panel at forcing frequencies of 100Hz 

and 500Hz amplifies the appearance of the measured signal. The described phenomenon relates to Gibbs 

Phenomenon where discontinuities are not effectively approximated using finite series resulting in 

overshoots, or ringing [73, 74].   

The results presented herein demonstrate the advantages and disadvantages of using different sources 

of excitation, with the most notable observations suggesting the impulse hammer delivers the greatest 

potential for amplitude of resonance frequencies while the results for the acoustic sources suggest that 

they excite resonant frequencies across the spectrum more effectively. The trade-off is a function of 

magnitude (or amplitude) of the peaks of resonant frequencies at the expense of signal input/output 

noise. The efforts in this section are supplemental to the presented work and can be used to further 

characterize more complex structures and the incorporation of damping material. It is on this note 

(measurement of the contribution of damping material) that these investigations were motivated, 

imitating Oberst testing for determination of dynamic properties of materials. 

 

4.7 SECTION SUMMARY 

Chapter 4 presented an elaborate investigation consisting of many crucial tasks and investigations. The 

purpose of this collection of work is the development of a computational methodology and an 

experimental approach to verify the simulated predictions of the vibro-acoustic behaviour of the fuselage 

wall of an aircraft. The analysis of panels of variable thickness and geometries (milled pockets), and 

composite assemblies that make up the fuselage wall aims to quantify the performance of every 

component of the wall assembly to optimize the design of the final product.  

Upon commissioning the acoustic facility, having assembled the DAQ measurement system, developed 

the DAQ software and post-processing techniques, empirical measurement of the vibro-acoustic 
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performance of various samples was possible. The experimental findings, presented in section 4.2, 

determined that the attenuating qualities favoured thinner panels explicitly on a weight-basis (dB/kg), 

though thicker panels did demonstrate greater attenuation. A similar correlation was observed with the 

application of a viscoelastic closed-cell foam composite to dampen panel vibrations. While the 

attenuation of the system increased with the damping material, the improvement as a function of weight 

was not significant.  

Upon establishing (BEM-based and FEM-based) computational methodologies, an associative formulation 

was developed to equate the measured transmission loss with the computed supporting the fourth novel 

contribution listed in section 1.5. This was possible by reviewing an intermediate step in the calculation 

of transmission loss as described in section 4.4.  

Successful quantification of the effects of the different parameters of the aircraft fuselage wall 

construction (panel thickness, milled pocket size and depth, composite materials) has provided the insight 

and the conclusions necessary to propose solutions to existing design problems. Most expectantly, 

external criteria (client specifications, regulatory standards) can be used to define the minimum 

performance limits that would be satisfied by selecting components or configurations that provide the 

necessary degree of attenuation to meet passenger comfort requirements. 



181 
 

Chapter 5 CONCLUSION 

A new engineering design tool was developed that may be used to improve the quality of their aircraft 

designs. The identified problem was described as an aero-vibro-acoustic problem, where a layer of air 

around the aircraft known as the turbulent boundary layer excites vibration of the fuselage resulting in 

the generation of noise in the cabin. Current practices utilize limited BEM and FEM techniques for small 

scale analyses (small components) and SAE techniques for larger scale analysis (the entire aircraft).  

The problem has been simplified into a more manageable acoustic-vibro-acoustic problem; incorporating 

the principles of vibro-acoustic reciprocity. The simplification allows for a more convenient experimental 

approach (financially and practically feasible) that imitates the TBL excitation. Using standardized 

methods, the author established an atypical acoustic facility that conforms to the target criteria for 

repeatability limits defined by international testing standards. 

The author developed computational methodologies using BEM-based and FEM-based approaches to 

predict the vibro-acoustic behaviour of a panel and compared it against experimental measurement. 

Following the development of an associative formula to account for discrepancies between the 

methodologies (damping, flanking, distortion), which were calculated through experimental methods. The 

computational predictions and experimental measurements for 0.04in, 0.063in (milled), 0.063in, and 

0.09in thick panels were in agreement using BEM-based modelling techniques. The 0.063in panel with a 

viscoelastic closed-cell damping material was modeled using a FEM-based approach due to computational 

(technical) limitations. The same associative formulation failed to demonstrate good agreement between 

the two methodologies, however did present good correlation between the responses. A simple 

correction (accounting for decay of sound due to radiation of sound as a function of distance) significantly 

resolved discrepancies. The spectral-averaged (across the entire computed frequency range) bi-

directional transmission loss error is 10% for the 0.04in, 11% for the 0.063in (milled) panel, 6% for the 
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0.063in panel, and 2% for the 0.09in panel. The spectral-averaged (across the frequency range of interest, 

500Hz to 2kHz) bi-directional transmission loss error is 1% for the 0.04in, 1% for the 0.063in (milled) panel, 

3% for the 0.063in panel, and 4% for the 0.09in panel. The spectral-averaged (across the entire computed 

frequency range) for the 0.063in panel with damping material is 10% and 6% for the frequency range of 

interest. The mentioned results are indicative of the accuracy and practicality of the newly proposed 

engineering approach. The principal objective of the investigation – to develop a repeatable and 

reproducible design practice using high-level of understanding techniques (computational modelling) and 

a verification process (experimental testing), is fulfilled. The principal motivation – to investigate the 

benefits of milling the fuselage skin (to reduce the weight of the aircraft) and the use of damping material 

was investigated. The results identified thinner panels to be more effective at attenuating acoustic energy 

considering only weight (dB/kg), however thicker panels did (expectedly) demonstrate greater 

attenuation. Similarly, the milling of panels improved the performance of the panel’s attenuation per unit 

of weight; as expected, the acoustic attenuation of the milled panel did not improve in contrast to the 

non-milled panel. The addition of the viscoelastic closed-cell damping material improved the attenuation 

qualities of the panels, however did not significantly improve the attenuation of the product on a weight-

based comparison. 

The experimental verification incorporates an atypical acoustic facility that complements the 

computational methodology; describing the first and second novel contributions listed in section 1.5. The 

proposed computational methodology incorporates a new approach of imitating the turbulent boundary 

layer using BEM and FEM strategies; describing the third novel contribution in section 1.5. The conjunction 

(and association of the results) of the methodologies is to provide engineers with a more confident 

practice in designing new solutions to new or existing problems; describing the fourth novel contribution 

in section 1.5. The investigation and development of several conceptual design solutions can be simulated, 

the best of which can be verified experimentally before finalizing a design. Several supplemental 
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investigations reviewed related metrics of the original aero-vibro-acoustic and the simplified acoustic-

vibro-acoustic problem (such as vibration measurement testing, acoustic absorption of the viscoelastic 

damping material, calculation of insertion loss and determination of the sound power levels of the 

radiating panel. 

Summarizing section 1.5, the author’s contributions (1) on commissioning an acoustic facility, (2) 

developing new experimental methodologies, (3) developing new computational methodologies 

describing the acoustic-vibro-acoustic behaviour that is representative of the original aero-vibro-acoustic 

problem, and (4) determining the relationship between the computational and experimental results have 

been fulfilled. 

Respectively, the first novel contribution on commissioning an atypical acoustic facility (conforming to the 

principals of international testing standards) has been published by the Institute of Environmental 

Sciences and Technology (IEST). The second, third, and fourth contributions have been published by the 

Canadian Society of Mechanical Engineers (CSME) and by the American Society of Mechanical Engineers 

(ASME) for his work on computational modelling and experimental verification of a section of aircraft 

fuselage.  
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Chapter 6 FUTURE WORK AND RECOMMENDATIONS 

The amalgamation of all the efforts herein contributed to the computational modelling and the 

experimental verification of those predictions.  

The computational modelling techniques incorporated BEM-based and FEM-based approaches, and 

sought to observe the limits before divergence from experimental measurement. Particular interest in 

modelling the panel with damping material became impractical using the mobile computational system 

which is inherently less powerful than a desktop system or a supercomputer. The eigenvalue analysis was 

computationally exhausting but demonstrated promising results with earlier simulations. It would be 

advantageous to quantify the inherent damping of the system through a complex eigenvalue analysis 

(using LMS Virtual.Lab and NASTRAN (integrated)). This information obtained from complex eigenvalue 

analyses (damping of the system) can be useful in the investigation of the relationship, or correlation, 

between vibration damping and acoustic absorption. Due to the exhausting limitations of the BEM 

approach for the composite product, a FEM approach was developed. Persistence with the methodology 

investigating sensitivity of varying parameters and identification of the source of error between the 

computational predictions and experimental measurements should be the objective of future work. 

The experimental efforts necessitated the commissioning of an atypical acoustic facility that incorporated 

the fundamental principles of the standards to meet the specified criteria. Though shortcomings in 

performance were observed and remarked, it is important to acknowledge that the management and 

means of reviewing results are the more critical argument. Seldom do acoustic facilities conform 

absolutely to the requirements of international test standards. They do demonstrate confidence in the 

measurements as exercised herein. Careful diligence in the design and construction of the acoustic 

facilities needs to be exercised to avoid significant nonconformities, and minimize poor-performing 

qualities (excessive damping, flanking) of the acoustic rooms. Careful design and planning can improve 
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the testing methodology and convenience of the technician overseeing the testing (such as installation of 

the test product fittings, installation of the flanking plugs, installation and/or moving of the acoustic 

source, control of the spectral sound pressure profile of the acoustic source (amplifier, equalizer)). In the 

capacity of development of the DAQ system, the post-processing of data in this investigation was 

thoroughly exhaustive and precautionarily developed. This resulted in large files that were challenging to 

manage; a consequence of ensuring high-quality results. Automation of these calculations as part of the 

DAQ could alleviate the need for additional mathematical arithmetic, or the post-processing stage 

entirely. The proof of concept facility was successful in conforming to the principles of international 

testing standards, however a slightly larger reverberation chamber with more favour X-Y-Z dimensions 

(ratios) as defined in Chapter 2 on the topic of room modes would improve the confidence measures of 

the experimental room. This recommendation extends to the construction of the semi-anechoic room. In 

addition, construction of the semi-anechoic room would be more convenient and favourable if the 

working area around the opening was not lined with absorptive material for simpler installation/removal 

of acoustic plugs, fittings, and test specimens – this also reduces maintenance costs and damage to 

absorptive material in the immediate working area. Higher quality absorptive material would improve the 

performance of the semi-anechoic room, but may introduce greater variability in calculation of the 

directional transmission loss. The design of the acoustic fittings and flanking plugs can be improved by 

implementing a more complex installation fitting system than a “square plug in a square window”-

concept. The principal flanking issue was noise leaking around the plug due to imperfect fitting despite 

relatively low tolerances and the use of seals.  

Investigating the change in vibro-acoustic behaviour of more complex geometries (curved panels, 

assemblies of panels secured with stringers, longerons and former supports, etc.) is certainly favourable 

and more reflective of industrial applications. Experimentally, careful planning of fitting and installation 

of the acoustic facility is integral to minimize flanking problems. Computationally, software limitations 
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(such as the simple plane baffle would not coincident with the curvature of the panel, nor the entirety of 

the boundary conditions of the panel along the baffle plane) may hinder certain geometric models. This 

would necessitate assumptions, accommodations and/or design alterations. 

In the supplemental investigations, the author explored an interest in vibration measurement and in 

characterizing resonance of the structure. Incorporating the principals of Oberst testing, the dynamic 

properties of a structure, without and with attached damping materials, may be accurately measured 

using an acoustic discrete (tonal) excitation load (sweeping a frequency range while acquiring data 

continuously) at a constant load magnitude. The results would provide significant insight complementing 

the conclusions presented herein on the acoustic attenuation of various samples. More specifically, it is 

of great interest to identify a correlation between vibration damping and acoustic absorption and 

attenuation. 
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APPENDIX A: SELECTED TEST STANDARDS 

A number of test standards were reviewed and listed below: 

 ASTM Standard E90-09, “Standard Test Method for Laboratory Measurement of Airborne Sound 

Transmission Loss of Building Partitions and Elements”. [39] 

 SAE J1400, “Laboratory Measurement of the Airborne Sound Barrier Performance of Flat Materials 

and Assemblies”. [40] 

 ASTM Standard E477-13, “Standard Test Method for Laboratory Measurements of Acoustical and 

Airflow Performance of Duct Liner Materials and Prefabricated Silencers”. [41] 

 ASTM Standard C423-09a, “Standard Test Method for Sound Absorption and Sound Absorption 

Coefficients by the Reverberation Room Method”. [45] 

 ASTM Standard E336-11, “Standard Test Method for Measurement of Airborne Sound Attenuation 

between Rooms in Buildings”. [42] 

 ASTM Standard E2235-04, “Standard Test Method for Determination of Decay Rates for Use in Sound 

Insulation Test Methods”. [43] 

 ANSI S1.26-1995 (Reaffirmed by ANSI in March 25, 2004), “AMERICAN NATIONAL STANDARD 

METHOD FOR CALCULATION OF THE ABSORPTION OF SOUND BY THE ATMOSPHERE”. [44] 

 ANSI S12.51-2012/ISO3741:2010, “Acoustics – Determination of sound power levels and sound 

energy levels of noise sources using sound pressure – Precision methods for reverberation test rooms 

(a Nationally Adopted International Standard (NAIS))”. [37] 
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APPENDIX B: PSEUDO CODE FOR DAQ SOFTWARE 

 

PSEUDOCODE 

Simplified operating principles for the developed DAQ measurement program. Expansion of numeric 

references indicate processes occurring simultaneously. 

 Initialization of event cases 

o Process 1: Initialization 

 Task initialization (National Instruments (NI) code) 

 Initialization of microphone 1 and 2  

 Maximum sound pressure level (130dB) 

 General microphone channel information (GMCI) 

o Sensitivity (Microphone 1 – 49.44mV/Pa; Microphone 2 – 

48.66mV/Pa) 

o Weighting filter (Linear) 

o Reference threshold (20µPa) 

o Engineering units (EU and Pa) 

o Pre-gain (0dB) 

 Timing initialization 

 Sample clock application 

o Rate (100,000 samples) 
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o Sample mode (continuous acquisition) 

o Samples per channel (2,000 samples) 

o Process 2: DAQ program initialization 

 Initialization of various test parameters (see respective event cases) 

o Process 3: Await user input 

 Event case 0: Initialization and wait 

o Process 1: Creation and initialization (of arrays) of external output results files 

 Event case 1: Noise activation (for speaker warm-up and time-averaged measurements) 

o Process 1: Pink noise generation application 

 Sampling rate (20kHz) 

 Number of samples in waveform (200,000 samples) 

 Sound signal amplitude (amplitude level of 1) 

o Process 2: DAQ task manager application  

 Generates a signal out of the program and to the hardware for generation of pink 

noise source to the speaker. 

 Event case 2 and 3: Calibration of microphone 1 and 2 (respectively) 

o Process 1: Initialization of calibration settings 

 Calibration frequency (1kHz) 

 Calibration sound pressure level (94dB or 104dB) 

o Process 2: Scaling of voltage to engineering units application 
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 Task inputs, input signal, and GMCI 

o Process 3: Weighting filter application 

 Weighting filter type (linear) 

o Process 4: Third-octave analysis application  

 Scaled signal input 

 Frequency range (20Hz to 20kHz) 

 Averaging type (linear) 

o Process 5: LOOP – Convergence to sensitivity 

 Convergence to sensitivity (mV/Pa) of microphone such that the measured 

voltage scaled to engineering units is accurate using the sound calibrator and its 

inputs through incremental steps. 

 Event case 4, 5, and 6: Time-history measurements for acoustic rooms 

o Process for each channel for event cases 4, 5, and 6 are identical. 

 Event case 4: Simultaneously decay measurement in both acoustic rooms 

 Event case 5: Decay measurement of reverberation chamber 

 Event case 6: Decay measurement of semi-anechoic room 

o Process 1: Task activation application and initialization of settings 

 Construction of array table 

 Decay period (7 seconds) 

 Number of decays (55 decays) 
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o Process 2: LOOP for defined period 

 Process 2-a: Signal output (simultaneously) 

 Case structure: Check timer (half of decay period) 

o Within period 1 – steady state on with pink noise generation 

o Within period 2 – steady state off with no signal generation 

 Process 2-b: Acquisition (simultaneously) 

 DAQ measurement acquisition application 

 Fractional octave analysis application 

o Signal deconstruction, data in array transformation and 

rotations, and amalgamation into master array for output 

o Process 3: Write to file application 

 Event case 7: Time-averaged measurements 

o Process 1: Task activation application and initialization of settings 

 Averaging period (30 seconds) 

 Number of averages (36 measurements) 

o Process 2: Queue initialization 

o Process 3: Flush queue (empties queue of miscellaneous or erroneous data) 

o Process 4-a: LOOP – Data acquisition 

 Timer application for averaging period 

 DAQ measurement acquisition application 
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 Signal deconstruction, data extraction from array  

 Enqueue elements 

o Process 4-b: LOOP – Data processing 

 Process 4-b-1: Dequeue elements 

 Process 4-b-2: Scaling of voltage to engineering units application 

 Task inputs, input signal, and GMCI 

 Process 4-b-3: Weighting filter application 

 Weighting filter type (linear) 

 Process 4-b-4: sound level meter application (computes various quantities) 

 Weighting filter type (linear) 

 Process 4-b-5: Third-octave analysis application  

 Scaled signal input 

 Frequency range (20Hz to 20kHz) 

 Averaging type (linear) 

 Process 4-b-6: Data organization 

 Signal deconstruction, data extraction, transformation and rotation, and 

amalgamation of data into master array for output 

o Process 5: LOOP for average calculation 
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 Deconstruction of master array and arithmetic process (converting decibels to 

physical units, averaging of all data per frequency and number of iterations, 

reconversion of data to decibels) 

o Process 6: Write to file application 
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APPENDIX C: COMPILATION OF ROOM QUALIFICATION TEST RESULTS 

 

Table 16: Calculated confidence intervals for directional (forward) transmission loss of 0.04in, 0.063in 

(milled), 0.063in (milled) PCF, 0.063in, 0.063in PCF, and 0.09in panels in the forward and reverse test 

directions against ASTM E90 criteria. 

Frequency 
(Hz) 

95% Confidence Interval (dB) ASTM E90-
2009 0.04in 0.063in (m) 0.063in (m) PCF 0.063in 0063in PCF 0.09in 

20 16.86 16.87 11.31 17.31 11.07 17.64   

25 6.71 6.69 6.58 6.40 5.25 6.40   

32 4.18 4.21 4.16 3.90 3.68 3.90   

40 1.39 2.21 1.38 1.49 1.41 1.49   

50 1.29 1.20 1.15 1.02 1.22 1.02   

63 1.33 1.26 1.30 1.25 1.21 1.25   

80 1.20 1.11 1.19 1.17 1.22 1.17 6 

100 1.12 1.15 1.24 1.21 1.19 1.21 4 

125 0.66 0.63 0.63 0.57 0.58 0.57 3 

160 0.66 0.73 0.77 0.71 0.94 0.71 3 

200 0.70 0.67 0.62 0.69 0.68 0.69 2 

250 0.90 0.99 0.96 0.87 1.03 0.87 2 

315 1.08 1.10 1.10 0.89 0.88 0.89 1 

400 0.57 0.58 0.68 0.61 0.80 0.61 1 

500 0.42 0.40 0.39 0.37 0.44 0.37 1 

630 0.42 0.40 0.35 0.35 0.49 0.35 1 

800 0.30 0.28 0.31 0.23 0.41 0.23 1 

1000 0.28 0.28 0.27 0.30 0.32 0.30 1 

1250 0.36 0.35 0.35 0.34 0.27 0.34 1 

1600 0.35 0.33 0.35 0.31 0.40 0.31 1 

2000 0.29 0.27 0.26 0.23 0.28 0.23 1 

2500 0.27 0.22 0.20 0.13 0.24 0.13 1 

3150 0.33 0.27 0.26 0.25 0.29 0.25 1 

4000 0.28 0.21 0.21 0.20 0.24 0.20 1 

5000 0.34 0.27 0.24 0.24 0.25 0.24   

6300 0.23 0.16 0.17 0.15 0.21 0.15   

8000 0.26 0.20 0.20 0.17 0.26 0.17   

10000 0.27 0.20 0.20 0.16 0.27 0.16   

12500 0.24 0.17 0.18 0.12 0.27 0.12   

16000 0.22 0.18 0.18 0.13 0.24 0.13   

20000 0.18 0.14 0.15 0.12 0.20 0.12   
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Table 17: Calculated confidence intervals for directional (reverse) transmission loss of 0.04in, 0.063in 

(milled), 0.063in (milled) PCF, 0.063in, 0.063in PCF, and 0.09in panels against ASTM E90 criteria. 

Frequency 
(Hz) 

95% Confidence Interval (dB) 
ASTM E90-

2009 0.04in 
0.063in 

(m) 
0.063in 
(m) PCF 

0.063in 
0063in 

PCF 
0.09in 

20 12.23 12.23 6.21 10.83 5.53 4.80   

25 4.79 4.58 4.16 1.50 1.23 1.50   

32 1.31 1.60 1.55 1.30 1.51 1.30   

40 1.49 1.93 1.41 1.54 1.30 1.54   

50 1.26 1.25 1.16 1.15 1.16 1.15   

63 1.11 1.13 1.22 1.17 1.43 1.17   

80 0.90 0.91 0.97 0.88 0.87 0.88 6 

100 1.17 1.08 1.06 1.11 1.23 1.11 4 

125 0.65 0.66 0.67 0.58 0.77 0.58 3 

160 0.82 0.78 0.79 0.77 0.84 0.77 3 

200 0.87 0.78 0.76 0.68 0.86 0.68 2 

250 0.82 0.85 0.79 0.72 0.78 0.72 2 

315 1.22 1.35 1.24 1.17 1.07 1.17 1 

400 0.75 0.70 0.63 0.68 0.55 0.68 1 

500 0.39 0.39 0.37 0.41 0.54 0.41 1 

630 0.40 0.45 0.41 0.43 0.49 0.43 1 

800 0.38 0.38 0.36 0.32 0.43 0.32 1 

1000 0.31 0.33 0.31 0.31 0.37 0.31 1 

1250 0.33 0.35 0.34 0.35 0.37 0.35 1 

1600 0.38 0.43 0.37 0.37 0.33 0.37 1 

2000 0.24 0.23 0.21 0.22 0.27 0.22 1 

2500 0.24 0.21 0.24 0.21 0.27 0.21 1 

3150 0.29 0.25 0.24 0.22 0.31 0.22 1 

4000 0.24 0.21 0.20 0.21 0.30 0.21 1 

5000 0.28 0.26 0.25 0.24 0.32 0.24   

6300 0.20 0.16 0.16 0.14 0.24 0.14   

8000 0.24 0.18 0.17 0.19 0.22 0.19   

10000 0.27 0.18 0.16 0.16 0.20 0.16   

12500 0.28 0.16 0.15 0.16 0.24 0.16   

16000 0.28 0.16 0.16 0.14 0.26 0.14   

20000 0.22 0.13 0.13 0.12 0.23 0.12   
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Table 18: Calculated 95% confidence intervals for bi-directional transmission loss of 0.04in, 0.063in 

(milled), 0.063in (milled) PCF, 0.063in, 0.063in PCF, and 0.09in panels against ASTM E90 criteria. 

Frequency 
(Hz) 

95% Confidence Interval (dB) ASTM 
E90-
2009 0.04in 

0.063in 
(m) 

0.063in 
(m) PCF 

0.063in 
0063in 

PCF 
0.09in 

20 20.83 20.84 12.90 20.42 12.37 18.28   

25 8.24 8.11 7.79 6.58 5.39 6.58   

32 4.39 4.51 4.44 4.11 3.98 4.11   

40 2.04 2.94 1.97 2.14 1.92 2.14   

50 1.81 1.73 1.63 1.54 1.68 1.54   

63 1.73 1.69 1.78 1.72 1.87 1.72   

80 1.50 1.44 1.54 1.47 1.50 1.47 6 

100 1.62 1.57 1.63 1.64 1.71 1.64 4 

125 0.93 0.91 0.92 0.81 0.96 0.81 3 

160 1.05 1.06 1.10 1.04 1.27 1.04 3 

200 1.11 1.03 0.98 0.96 1.09 0.96 2 

250 1.21 1.30 1.24 1.13 1.29 1.13 2 

315 1.63 1.74 1.66 1.47 1.39 1.47 1 

400 0.94 0.91 0.93 0.92 0.97 0.92 1 

500 0.57 0.56 0.54 0.55 0.69 0.55 1 

630 0.58 0.60 0.54 0.55 0.70 0.55 1 

800 0.48 0.47 0.47 0.39 0.59 0.39 1 

1000 0.42 0.44 0.41 0.43 0.49 0.43 1 

1250 0.49 0.50 0.48 0.49 0.46 0.49 1 

1600 0.52 0.54 0.51 0.48 0.51 0.48 1 

2000 0.37 0.36 0.34 0.32 0.39 0.32 1 

2500 0.36 0.30 0.32 0.25 0.36 0.25 1 

3150 0.44 0.37 0.35 0.33 0.43 0.33 1 

4000 0.37 0.29 0.29 0.29 0.38 0.29 1 

5000 0.44 0.37 0.35 0.34 0.41 0.34   

6300 0.31 0.22 0.23 0.21 0.32 0.21   

8000 0.35 0.27 0.26 0.25 0.34 0.25   

10000 0.38 0.26 0.26 0.22 0.33 0.22   

12500 0.36 0.24 0.24 0.20 0.37 0.20   

16000 0.36 0.24 0.24 0.20 0.36 0.20   

20000 0.28 0.20 0.20 0.17 0.31 0.17   
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Table 19: The calculated standard deviation of the confidence intervals for transmission loss of 0.04in, 

0.063in (milled), 0.063in (milled) PCF, 0.063in, 0.063in PCF, and 0.09in panels in the forward test direction. 

Frequency 
(Hz) 

Standard Deviation (dB) 

0.04in 
0.063in 

(m) 
0.063in 
(m) PCF 

0.063in 
0063in 

PCF 
0.09in 

20 11.84 11.83 2.53 10.86 2.40 11.18 

25 0.73 0.62 0.76 0.62 0.95 0.54 

32 1.57 1.56 1.06 1.47 0.97 1.61 

40 0.27 0.33 0.28 0.26 0.31 0.40 

50 0.27 0.15 0.29 0.22 0.32 0.17 

63 0.35 0.28 0.22 0.27 0.26 0.22 

80 0.11 0.19 0.10 0.14 0.26 0.11 

100 0.23 0.13 0.22 0.26 0.23 0.46 

125 0.14 0.11 0.17 0.07 0.10 0.07 

160 0.11 0.16 0.25 0.24 0.29 0.21 

200 0.17 0.13 0.13 0.12 0.13 0.09 

250 0.18 0.29 0.35 0.22 0.30 0.27 

315 0.20 0.26 0.15 0.22 0.16 0.15 

400 0.10 0.16 0.24 0.13 0.14 0.15 

500 0.07 0.09 0.03 0.12 0.06 0.06 

630 0.12 0.10 0.16 0.09 0.15 0.08 

800 0.07 0.10 0.13 0.11 0.17 0.03 

1000 0.10 0.07 0.07 0.08 0.03 0.03 

1250 0.06 0.09 0.05 0.10 0.05 0.14 

1600 0.09 0.08 0.11 0.06 0.11 0.07 

2000 0.09 0.07 0.07 0.05 0.06 0.06 

2500 0.13 0.07 0.09 0.06 0.07 0.01 

3150 0.16 0.09 0.08 0.08 0.07 0.09 

4000 0.12 0.05 0.05 0.06 0.06 0.06 

5000 0.19 0.06 0.09 0.06 0.10 0.05 

6300 0.23 0.06 0.09 0.06 0.15 0.01 

8000 0.22 0.07 0.10 0.06 0.17 0.03 

10000 0.24 0.09 0.12 0.09 0.20 0.04 

12500 0.21 0.04 0.25 0.10 0.23 0.06 

16000 0.21 0.04 0.28 0.10 0.23 0.03 

20000 0.13 0.05 0.19 0.07 0.19 0.04 
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Table 20: The calculated standard deviation of the confidence intervals for transmission loss of 0.04in, 

0.063in (milled), 0.063in (milled) PCF, 0.063in, 0.063in PCF, and 0.09in panels in the reverse test direction. 

Frequency 
(Hz) 

Standard Deviation (dB) 

0.04in 
0.063in 

(m) 
0.063in 
(m) PCF 

0.063in 
0063in 

PCF 
0.09in 

20 19.94 19.94 5.63 18.58 5.43 2.67 

25 7.79 7.89 0.15 7.29 0.19 0.22 

32 0.23 0.40 0.37 0.28 0.45 0.43 

40 0.44 0.56 0.51 0.43 0.39 0.28 

50 0.30 0.34 0.24 0.34 0.29 0.23 

63 0.33 0.23 0.40 0.34 0.37 0.24 

80 0.22 0.12 0.12 0.18 0.14 0.10 

100 0.24 0.31 0.33 0.25 0.26 0.35 

125 0.16 0.16 0.07 0.13 0.12 0.14 

160 0.17 0.15 0.09 0.24 0.11 0.09 

200 0.21 0.17 0.11 0.22 0.12 0.14 

250 0.30 0.29 0.10 0.34 0.13 0.18 

315 0.34 0.43 0.19 0.33 0.29 0.29 

400 0.13 0.18 0.18 0.10 0.12 0.18 

500 0.15 0.09 0.06 0.07 0.18 0.14 

630 0.15 0.16 0.06 0.13 0.15 0.18 

800 0.14 0.12 0.11 0.12 0.11 0.03 

1000 0.07 0.05 0.08 0.07 0.09 0.09 

1250 0.09 0.06 0.09 0.07 0.07 0.06 

1600 0.11 0.09 0.06 0.11 0.06 0.06 

2000 0.08 0.07 0.05 0.04 0.06 0.05 

2500 0.05 0.03 0.01 0.05 0.08 0.02 

3150 0.10 0.07 0.10 0.07 0.12 0.05 

4000 0.06 0.04 0.13 0.03 0.14 0.02 

5000 0.10 0.05 0.14 0.03 0.12 0.03 

6300 0.16 0.04 0.17 0.04 0.11 0.03 

8000 0.20 0.03 0.14 0.03 0.07 0.04 

10000 0.31 0.07 0.15 0.05 0.04 0.02 

12500 0.34 0.07 0.11 0.04 0.12 0.02 

16000 0.35 0.09 0.13 0.05 0.13 0.03 

20000 0.25 0.08 0.11 0.04 0.12 0.03 
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Table 21: The bi-directional transmission loss for 0.04in, 0.063in (milled), 0.063in, and 0.09in panels using 

the results from the six most recent tests normalized using the total mass of the panel or composition 

configuration. Results demonstrate greater attenuation per unit of mass in thinner panels than thicker 

panels, and without damping material. 

Frequency 
(Hz) 

Attenuation per unit of mass (dB/kg) 

0.04in 0.063in (m) 0.063in 0.063in (m) PCF 0.063in PCF 0.09in 

20 16 15 11 15 11 8 

25 12 12 9 8 7 6 

31.5 17 13 10 12 10 8 

40 25 12 16 16 12 8 

50 20 16 14 15 12 9 

63 23 20 16 17 14 11 

80 24 20 16 17 14 11 

100 22 18 15 17 15 11 

125 33 30 24 26 21 17 

160 19 16 12 16 13 11 

200 21 19 13 19 15 13 

250 20 17 13 16 13 10 

315 21 19 16 20 17 12 

400 31 26 22 26 20 15 

500 33 29 22 27 21 16 

630 33 29 22 27 21 16 

800 30 27 21 25 19 15 

1000 30 26 21 22 18 15 

1250 32 28 21 25 19 15 

1600 36 31 24 27 20 16 

2000 35 31 23 27 21 16 

2500 39 35 26 30 25 18 

3150 42 36 27 29 24 19 

4000 40 35 26 28 24 18 

5000 42 37 27 29 27 20 

6300 42 36 27 29 28 20 

8000 37 31 23 31 30 19 

10000 40 34 26 35 32 21 

12500 40 34 26 32 31 20 

16000 44 39 30 36 30 24 

20000 44 39 29 30 23 21 
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APPENDIX D: COMPILATION OF RESULTS 

 

The following section contains experimental results for transmission loss, insertion loss and absorption 

coefficients resulting from the amalgamation of 14 tests between September 2013 and August 2015. 
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Table 22: The standard deviation of the bi-directional transmission loss values for 0.04in, 0.063in (milled), 

0.063in, and 0.09in panels from the six most recent tests. The results are accompanied by the more 

stringent criteria for the acceptable standard deviation for measurement of broadband sound in ANSI 

S12.51 (Annex C).  

Frequency 
(Hz) 

Standard Deviation of Bi-directional Transmission Loss 
(dB) 

ASTM E90 
Precision and 

Bias 
95% Confidence 

Interval 
for Repeatability 

ANSI 
S12.51 

Maximum 
Allowable 
Standard 
Deviation 

0.04in 
0.063in 

(m) 
0.063in 
(m) PCF 

0.063in 
0.063in 

PCF 
0.09in 

50 0.55 0.30 0.33 0.42 0.62 0.49 4.5dB 2 

63 0.80 0.64 0.53 0.60 0.47 0.69 4.5dB 2 

80 0.52 0.49 0.24 0.57 0.20 0.58 4.5dB 2 

100 0.84 0.57 0.33 0.58 0.45 0.85 4.5dB 1.5 

125 0.97 0.88 0.52 0.94 0.65 0.97 3dB** 1.5 

160 0.34 0.34 0.30 0.51 0.42 0.42 3dB** 1.5 

200 0.36 0.42 0.39 0.40 0.42 0.60 3dB** 1 

250 0.58 0.42 0.63 0.36 0.98 0.33 3dB** 1 

315 0.84 0.95 0.70 0.68 1.24 0.84 3dB** 1 

400 0.95 0.79 0.65 0.82 0.56 0.89 3dB** 1 

500 0.36 0.25 0.69 0.25 0.74 0.43 3dB** 1 

630 0.48 0.52 0.35 0.47 0.38 0.49 3dB** 1 

800 0.51 0.44 0.55 0.45 0.63 0.64 1.5dB** 0.5 

1000 0.65 0.61 0.18 0.70 0.35 0.97 1.5dB** 0.5 

1250 0.52 0.52 0.09 0.55 0.23 0.63 1.5dB** 0.5 

1600 0.69 0.58 0.59 0.57 0.94 0.61 1.5dB** 0.5 

2000 0.78 0.71 0.55 0.63 0.39 0.57 1.5dB** 0.5 

2500 0.39 0.42 0.79 0.36 0.55 0.34 1.5dB** 0.5 

3150 0.60 0.57 0.17 0.64 0.71 0.59 1.5dB** 1 

4000 0.73 0.77 0.60 0.86 0.71 0.94 1.5dB** 1 

5000 0.82 0.58 0.94 0.75 0.65 0.69 1.5dB 1 

6300 0.87 0.59 0.70 0.63 0.82 0.48 1.5dB 1 

8000 0.82 0.57 1.87 0.74 1.05 1.37 1.5dB 1 

10000 0.58 0.77 1.70 0.91 0.71 0.98 1.5dB 1 

12500 0.90 0.82 2.16 0.74 0.78 0.74 1.5dB 1.5* 

16000 0.70 0.52 1.43 0.96 1.01 0.75 1.5dB 1.5* 

20000 1.29 1.16 0.57 1.22 0.83 1.54 1.5dB 1.5* 

*The presented criteria are not part of ANSI S12.51; criteria are extended between 20Hz and 20kHz 
following the same pattern. 
**ASTM E90 defines the reproducibility of the measures to be less than 2dB between 125Hz and 4kHz. 
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Table 23: The calculated standard deviation insertion loss for 0.04in, 0.063in (milled), 0.063in, 0.063in 

(milled) PCF, 0.063in PCF, and 0.09in panels from the six most recent tests in the forward directions. 

Frequency 

Insertion Loss (Forward) (dB) ASTM E477 
Precision and Bias 

95% Confidence Interval for 
Repeatability 

0.04in 
0.063in 

(m) 
0.063in 

0.063in 
(m) PCF 

0.063in 
PCF 

0.09in 

50 1.43 0.89 1.35 0.68 1.45 1.39 5dB 

63 0.78 0.87 1.92 0.54 0.49 1.58 5dB 

80 0.42 0.25 0.30 0.64 0.62 0.29 5dB 

100 1.01 0.17 0.51 0.50 0.58 0.80 5dB 

125 0.83 0.27 0.56 0.58 0.69 0.15 2-3dB 

160 0.18 0.19 0.38 0.43 0.70 0.42 2-3dB 

200 0.20 0.33 0.21 0.94 0.44 0.30 2-3dB 

250 0.37 0.27 0.44 0.62 1.03 0.44 2-3dB 

315 0.95 0.96 1.03 0.61 1.38 1.03 2-3dB 

400 0.92 0.82 0.83 0.58 0.44 1.05 2-3dB 

500 1.09 1.21 1.32 1.20 1.86 1.54 2-3dB 

630 0.92 0.97 0.94 0.59 0.72 0.73 2-3dB 

800 1.83 1.95 2.24 0.90 0.94 1.37 2-3dB 

1000 1.20 1.46 1.49 1.30 1.73 1.16 2-3dB 

1250 2.15 2.27 1.58 1.84 1.52 0.76 2-3dB 

1600 0.77 1.64 0.91 1.40 1.43 1.04 2-3dB 

2000 1.95 1.04 1.12 0.95 1.21 1.15 2-3dB 

2500 1.65 0.29 0.31 1.54 0.81 0.30 2-3dB 

3150 1.14 1.02 0.92 1.74 2.16 1.02 2-3dB 

4000 1.71 0.95 0.79 1.61 1.92 1.01 2-3dB 

5000 1.58 1.01 1.35 1.03 1.65 0.76 2-3dB 

6300 1.81 0.92 1.07 0.68 2.04 0.68 2-3dB 

8000 1.60 1.38 1.71 1.50 2.27 1.99 2-3dB 

10000 1.00 1.10 1.77 1.74 2.90 1.83 2-3dB 

12500 1.04 0.80 1.67 1.62 2.10 1.79 2-3dB 

16000 1.73 1.65 1.81 1.47 3.88 1.55 2-3dB 

20000 2.08 1.39 2.04 2.06 1.89 1.23 2-3dB 
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Table 24: The calculated standard deviation insertion loss for 0.04in, 0.063in (milled), 0.063in, 0.063in 

(milled) PCF, 0.063in PCF, and 0.09in panels from the six most recent tests in the reverse directions. 

Frequency 

Insertion Loss (Reverse) (dB) ASTM E477 
Precision and Bias 

95% Confidence Interval for 
Repeatability 

0.04in 
0.063in 

(m) 
0.063in 

0.063in 
(m) PCF 

0.063in 
PCF 

0.09in 

50 0.67 0.38 0.49 0.40 0.56 0.45 5dB 

63 0.60 0.18 0.36 0.34 0.37 0.51 5dB 

80 0.34 0.37 0.45 0.72 0.38 1.72 5dB 

100 1.09 0.26 0.24 0.36 0.94 1.50 5dB 

125 0.73 0.47 0.61 0.45 0.57 0.67 2-3dB 

160 0.31 0.30 0.64 0.39 0.70 0.51 2-3dB 

200 0.30 0.42 0.27 0.45 0.27 0.73 2-3dB 

250 0.08 0.18 0.14 0.23 0.58 0.37 2-3dB 

315 0.35 0.30 0.42 0.33 0.63 0.77 2-3dB 

400 0.47 0.48 0.66 0.93 1.17 1.04 2-3dB 

500 0.34 0.16 0.35 0.43 0.21 0.83 2-3dB 

630 0.49 0.80 0.90 0.60 0.47 1.22 2-3dB 

800 0.99 1.17 1.84 1.68 1.51 1.13 2-3dB 

1000 1.22 1.31 1.91 0.59 0.92 1.47 2-3dB 

1250 1.29 1.32 1.63 1.70 0.45 1.49 2-3dB 

1600 1.55 1.36 1.35 2.00 0.43 1.41 2-3dB 

2000 0.42 0.55 0.57 1.53 0.60 0.69 2-3dB 

2500 0.43 0.38 0.33 0.42 0.70 0.37 2-3dB 

3150 1.70 1.69 1.73 0.82 1.72 1.69 2-3dB 

4000 1.48 1.61 1.70 0.55 0.79 1.27 2-3dB 

5000 1.26 1.13 0.90 0.81 1.97 0.96 2-3dB 

6300 1.65 1.49 1.11 0.62 1.09 0.91 2-3dB 

8000 1.61 0.68 0.57 2.36 1.78 1.35 2-3dB 

10000 1.14 1.47 1.23 1.72 0.84 2.23 2-3dB 

12500 0.89 1.06 0.66 2.33 1.96 0.69 2-3dB 

16000 2.39 0.92 1.64 2.88 2.09 1.42 2-3dB 

20000 3.40 3.65 2.58 2.07 2.25 2.25 2-3dB 
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Table 25: Average Absorption Coefficients for the Reverberant Chamber and the Semi-Anechoic Room, 

accompanied with standard deviation for 14 tests spanning from September 2013 to August 2015. 

Frequency 
(Hz) 

Average Standard Deviation 

Reverberation 
Chamber 

Semi-Anechoic 
Room 

Reverberation 
Chamber 

Semi-Anechoic 
Room 

20 0.02 0.00 0.004 0.002 

25 0.03 0.02 0.002 0.001 

31.5 0.04 0.04 0.003 0.007 

40 0.05 0.08 0.001 0.004 

50 0.06 0.11 0.002 0.002 

63 0.07 0.12 0.001 0.002 

80 0.08 0.10 0.002 0.002 

100 0.08 0.15 0.002 0.006 

125 0.09 0.16 0.002 0.003 

160 0.08 0.18 0.002 0.001 

200 0.08 0.18 0.002 0.001 

250 0.06 0.18 0.001 0.002 

315 0.06 0.18 0.001 0.001 

400 0.07 0.18 0.001 0.001 

500 0.08 0.18 0.001 0.002 

630 0.08 0.18 0.001 0.003 

800 0.08 0.18 0.001 0.001 

1000 0.08 0.18 0.001 0.001 

1250 0.08 0.18 0.002 0.001 

1600 0.07 0.18 0.001 0.002 

2000 0.07 0.18 0.001 0.001 

2500 0.06 0.18 0.001 0.001 

3150 0.06 0.18 0.001 0.001 

4000 0.06 0.17 0.002 0.003 

5000 0.06 0.17 0.001 0.006 

6300 0.06 0.16 0.001 0.009 

8000 0.06 0.15 0.001 0.016 

10000 0.05 0.14 0.002 0.026 

12500 0.05 0.14 0.002 0.025 

16000 0.06 0.14 0.003 0.025 

20000 0.06 0.14 0.004 0.025 
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Figure D- 1: Measured and predicted transmission loss in the forward direction for a 0.04in panel. 

 

 

Figure D- 2: Measured and predicted transmission loss in the reverse direction for a 0.04in panel. 
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Figure D- 3: Measured and predicted transmission loss in the forward direction for a 0.063in (milled) 

panel. 

 

 

Figure D- 4: Measured and predicted transmission loss in the reverse direction for a 0.063in (milled) 

panel. 
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Figure D- 5: Measured and predicted transmission loss in the forward direction for a 0.063in panel. 

 

 

Figure D- 6: Measured and predicted transmission loss in the reverse direction for a 0.063in panel. 
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Figure D- 7: Measured and predicted transmission loss in the forward direction for a 0.063in PCF assembly. 

 

 

Figure D- 8: Measured and predicted transmission loss in the reverse direction for a 0.063in PCF assembly. 
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Figure D- 9: Measured and predicted transmission loss in the forward direction for a 0.09in panel. 

 

 

Figure D- 10: Measured and predicted transmission loss in the reverse direction for a 0.09in panel. 
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Figure D- 11: Measured and (corrected) predicted transmission loss in the reverse direction for a 0.063in 

PCF assembly. 

 

 

Figure D- 12: Measured and (corrected) predicted transmission loss in the reverse direction for a 0.063in 

PCF assembly. 

 

0

10

20

30

40

50

60

70

20 200 2000 20000

Tr
an

sm
is

si
o

n
 L

o
ss

 (
d

B
)

Frequency (Hz)

Transmission Loss in Forward Direction for 0.063in PCF Assembly

Computational TL

Experimental TL

0

10

20

30

40

50

60

70

20 200 2000 20000

Tr
an

sm
is

si
o

n
 L

o
ss

 (
d

B
)

Frequency (Hz)

Transmission Loss in Reverse Direction for 0.063in PCF Assembly

Computational TL

Experimental TL



  217 

 

Figure D- 13: Measured and predicted transmission loss in the forward direction for a 0.063in (milled) PCF 

assembly. 

 

 

Figure D- 14: Measured and predicted transmission loss in the reverse direction for a 0.063in (milled) PCF 

assembly. 
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Figure D- 15: Measured and (corrected) predicted transmission loss in the forward direction for a 0.063in 

(milled) PCF assembly. 

 

 

Figure D- 16: Measured and (corrected) predicted transmission loss in the reverse direction for a 0.063in 

(milled) PCF assembly. 
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