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ABSTRACT 

 
 
 
 

AN ACOUSTICAL ANALYSIS OF DOMES COUPLED TO ROOMS,  

WITH SPECIAL APPLICATION TO  

THE DARUSSHOLAH MOSQUE,  

IN EAST JAVA, INDONESIA 
 
 
 
 
 

Sentagi S. Utami 

Department of Physics and Astronomy 

Master of Science 
 

 
 
 Concave surfaces are often considered to be detrimental or precarious in room 

acoustics, especially because of the impact they have on the distribution of sound energy. 

However, it is often difficult to avoid such surfaces in buildings with specific 

architectural functions. A primary example of this involves mosques, which are sacred 

places of worship for Muslims. In keeping with the Islamic architectural style, most 

mosques incorporate a symbolic centralized domed ceiling as part of their roof structures. 

These domes are open on the bottom and coupled to the acoustic spaces below. In many 

cases, the lower spaces may be idealized as rectangular enclosures. Owing to the 

 



distinctness and ubiquity of this basic architectural form, a thorough, fundamental 

analysis of such environments would be useful to the architectural acoustics community. 

In this study, predictions from EASETM computer models were compared to the results 

derived from physical scale model measurements. The scale model measurement 

techniques involved evaluation of impulse responses in a 1:12 scale model of 

Darussholah mosque, in East Java, Indonesia. A miniature human voice source was 

created to carry out the impulse response measurements. It was carefully evaluated to 

ensure that it produced adequate frequency response and directivity comparable to an 

actual human voice. Acoustical parameters were derived from the impulse responses. 

Statistical analysis using ANOVA and t-tests were used to compare results from the 

measurements with variations of domed ceiling configurations and other aspects of the 

measurement setting. Conclusions were based on these comparisons and on auralization 

listening tests in order to ascertain the elements that produced the most significant impact 

on the mosque acoustics. The analysis helps establish criteria for good acoustics in 

mosques and other buildings with domed ceilings. 
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CHAPTER 1  

INTRODUCTION 
 

Mosques are important public spaces used by millions of Muslims around the 

world for a variety of worship activities. Because of their international ubiquity and 

various modes of use, their acoustical properties should be well understood and regularly 

optimized. Analysis of their acoustics should also be an important, well-documented 

subject in technical architectural acoustics. However, little in-depth attention has been 

given to this vital topic in the past. This thesis aims to address this deficiency by 

introducing an analysis of key acoustical characteristics of mosques, particularly those 

associated with domes over room volumes with larger plan areas.   

Because of these domed ceiling elements, mosques would be expected to exhibit 

various acoustical anomalies. However, this architectural configuration is not unique to 

mosques in Islamic architectural style. It is also common to other religious edifices (e.g., 

Byzantine-era chapels), government buildings, planetariums, etc. The Islamic architecture 

style for mosques with a domed ceiling was influenced by the Ottoman architecture style.   

Researchers from Europe have conducted several limited studies on the acoustical 

performances of existing buildings with domed structures. A preliminary study to plan 

renovation on Bjergsted Concert Hall in Stavangar, Norway, found that the existing dome 

shaped room created uneven sound energy distribution and focusing effects in the 

audience area.1 The CAHRISMA project2 and Papageorgiou3 both proposed the computer 

modeling method to study rooms with curved shaped walls, including a domed ceiling. 

The cases studied in the CAHRISMA project were mosques and a cathedral in Turkey. A 

group of researchers in Spain explored the acoustics of the cathedral-mosque of 
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Cordoba.4 Researchers from Jordan5, Kuwait6 and Saudi Arabia7 have also performed 

similar studies for the acoustics of mosques. Auralization or measurements were 

performed to compare the acoustical characteristics of several mosques with the same 

basic geometry. The goals of these studies were to propose mosques designs that could 

produce satisfactory acoustical performance. 

This thesis addresses challenges of the general architectural mosque configuration 

in relation to mosques and in particular: a case study of the Darussholah mosque in 

Jember (East Java), Indonesia. It explores the acoustical impact of its principal dome with 

various dome shapes and configurations. 

This chapter provides an overview of mosques, including their key architectural 

features and uses.  It also details the motivations, objectives, and scope of the research 

project.  

1.1 Key Characteristics of Mosques  

Mosques are uniquely important buildings in every Muslim community. They 

usually have a certain size and location in relation to the community. In general, they 

may be classified as large state mosques, major landmark structures, community center 

complexes, and small local neighborhood mosques.8 While their uses are clearly varied, 

they also have several consistent characteristics.

1.1.1 Worship Considerations and Their Influence on Spatial Arrangement 

The distinct worship activities inside mosques include prayer, public speaking, 

preaching, lecturing, and Qur’an recitations. The activities are performed by people 

either individually or in conjunction with others. The activities may be categorized into 
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one of two primary worship modes: prayer mode or preaching mode. In prayer mode, all 

mosque users are either standing, bowing, or prostrating, always on the same floor level, 

and aligned in rows parallel to the Qibla’ wall (front wall), with the imam (speaker) 

facing away from listeners. In preaching mode, the listeners are sitting on the floor in 

rows parallel to the Qibla’ wall, while the imam is standing on a four-step high platform 

(minbar) facing the listeners. 

The worship activities generally require adequate speech audibility and 

intelligibility. The leader or imam generally stands in front of the gathering, near the 

mihrab, a distinct area provided for him. General mosque orientation is based on the 

position of the mihrab, which is intended to face the Qibla’ (a cubical building at Mecca, 

Saudi Arabia). 

Prayer from the imam is to address the gathering from his position. For certain 

prayers such as Jumma (Friday) prayers, the imam addresses the gathering with 

preaching, or khutba, from the minbar, which in general is considered to be high enough 

for the gathering’s visibility (see Fig. 1.1).  

 

 

 

 

 

 

 
 

Figure 1.1.  Preaching inside the prayer hall. 
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The congregational capacity of the mosque is usually determined by the floor area 

divided by the area required per worshipper to perform various prayers motions7. This is 

approximately 0.80 x 1.2 = 0.96 m2 (Fig. 1.2). 

 

 

 

 

 
 
 
 
 
 

Imam leading 
the prayer 

Figure 1.2.  Praying inside the prayer hall, the imam is leading the prayer followed by the 
worshippers. 

 

1.1.2 Specific Characteristics of the Darussholah Mosque 

The Darussholah mosque may be classified by its size and location as a large 

mosque. As of the time of the writing of this thesis, it is still under construction. The 

mosque is situated on a corner of Muhammad Yamin Street located in Jember, a city in 

East Java, Indonesia. This mosque was intended to become a public landmark of the city. 

Its design was mainly based on worship activities. The area on the second floor is divided 

into three regions: the circulation area, leader (imam) area, and group 

praying/worshipping/gathering area. The circulation area is distinguished from the 

praying areas by slightly different floor elevations. This helps provide demarcation of the 

more sacred praying area. The design process of the Darussholah mosque was started in 

1999 by IVADA consulting architecture in Yogyakarta, Indonesia. This company name is 

now being changed to ATQONA.  
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There are two main floor levels in the mosque. The ground floor has an area 30 m x 

30 m and is planned to be used as a multipurpose room for preaching and teaching 

activities. The second floor is the main sanctuary area of the mosque. It also has an area 

of 30 m x 30 m and may be considered a semi-enclosed room. Many of its exterior walls 

are partially open to the outside. This floor was the object in this research. Its use was for 

the worship activities described above. 

Mosques in different parts of the Islamic world are built using different 

construction systems and building materials. The choice of building methods is 

influenced by many factors. Some countries in the same continent have typical 

construction systems and architectural styles. Large mosques in Java are commonly 

constructed with reinforced concrete skeletal structures and bricks to form the partition 

walls. This was the approach used for the Darussholah mosque. They usually have a 

dome as part of the roof structure that spans a wider space while eliminating the 

intermediate columns. Columns are generally arranged on grids.  

Most parts of the interior of the Darussholah mosque were intended to be finished 

with acoustically reflective materials such as painted plaster and tile (both marble and 

ceramic). However, the floor area was to be covered with heavy carpet. The ceilings, 

including the dome, will be finished with painted plaster and ornamentation. Arches 

made from concrete and finished with painted plaster will be used as joint elements 

between the columns to strengthen the construction and to provide interior decorative 

elements. 
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1.1.3 Important Elements in the Mosque for the Acoustical Study  

Certain architectural elements of the mosque are very important in this acoustical 

study.  The two most important elements in the praying area are the mihrab and the 

domed ceiling. 

1.1.3.1 Mihrab 

The mihrab must be well designed in order to passively carry the voice of the 

leader to the gathering. In general, mihrabs are designed to have a half-hemispherical 

ceiling attached to a half cylindrical wall section. The mihrab shape and size in the 

Darussholah mosque was adapted and simplified into a design model as shown in Fig. 

1.3. It is also shown that the source is placed in a certain position inside the mihrab. 

 

 

 

 

 

 

 

 

 

 

 

Figure 1.3.  Area for the imam leading the prayer facing the mihrab.  

Qibla’ 

mihrab

Source

1.1.3.2 Dome 

For the Darussholah mosque, there is a main dome within the roof structure with a 

12 m diameter and 4 smaller domes, each with 2.5 m diameters. In the analysis of this 

thesis, the smaller domes are ignored. The related objective of the research is to evaluate 

the influence of the main dome, which encompasses the largest portion of the praying 
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area ceiling. Another reason for eliminating the smaller domes is that only a main dome 

would be considered symbolic of the Islamic architectural style for most mosques. 

There are actually several dome designs commonly used for mosques. Each type 

might be expected to create a unique acoustical condition for the room coupled to it.  

Figures 1.4 (a) shows the dome style used in the Darussholah mosque. A hemispherical 

dome [Fig.1.4 (b)] is also commonly found in several countries around the world.  

 
 

 

 

 

 

 

 

 

 (b) 

(a) 

Figure 1.4.  Type of domes investigated in the research. 

1.2 Motivation of Research 

A lot of the research on mosque acoustics conducted in the past involved existing 

mosques, both occupied and unoccupied. The construction incorporated a flat roof on a 

rectangular prayer hall instead of a domed ceiling. There are basic design elements of 

mosques in Saudi Arabia.9 The applications of the results were thus limited to a particular 

prototype. Other studies of mosques with domed ceilings did not propose a generalized 
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design to model a mosque with a domed ceiling. According, detailed acoustical research 

of mosques with domed ceilings has never been conducted.  

This research is intended to contribute a general acoustical analysis method to 

simulate and predict the quality of sound in rectangular rooms coupled to domes, 

particularly mosques. Unfortunately, the difficulty of translating acoustical requirements 

into architectural designs, specific room shapes, and choices of acoustical materials is 

compounded by the fact that only a few architects, engineers, or builders have a good 

understanding of how acoustical quality is affected by these factors.10 This problem 

highlights the importance of knowledgeable considerations of acoustical hazards during 

the design process.  

A three-pronged approach (analytical, numerical modeling, and acoustical scale 

modeling) would greatly increase understanding of mosque acoustics. By simulating and 

comparing results from measurements and calculations using these methods, we can 

better validate modeling results and develop an understanding that helps us design 

similarly shaped rooms in addition to mosques. This research could then be useful for 

many applications around the world. 

1.3 Objectives 

The primary goal of the research is to explore the physical characteristics and 

problems of domed ceilings coupled to an acoustical space below, with special 

application to mosques. In order to perform a thorough acoustical analysis of the issues, 

the investigation involved the three-pronged approach mentioned above: analytical, 

computer modeling (EASETM), and experimental (via scale modeling). While using 

computer modeling, simplifications were often incorporated in order to get the software 
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tools to work for the given room shape and dimensions. An analytical study helped to 

check the validity of such assumptions. Results from computer and scale modeling were 

complementary. The combined use of scale modeling and computer modeling provides 

much better insight and prediction capability than the use of either alone. The scale 

modeling approach was also intended as a secondary goal to be a pilot study for the BYU 

Acoustics Research Group.  

Speech intelligibility is the main concern in the acoustical performance of a 

mosque. The acoustical analysis was therefore derived from three parameters common 

used in speech intelligibility analysis: RASTI, C50, and %ALcons.11  

The spatial distribution of sound energy and speech intelligibility was observed 

after adjusting three architectural and acoustical properties: (1) the configuration of the 

dome structure, (2) the sound absorption of the materials lining the inside of the models, 

and (3) the measurements set-up.  

Several general limitations were applied to the research approach: 

• The configurations of the dome structure in the computer model were limited for 

two different shapes of the dome (hemispherical and onion shaped domes). They 

were combined with three different ring structures used as the base of the dome. 

In the scale modelling, only the hemispherical dome was used with the alternate 

ring structures. 

• Only one source position was considered in computer and scale modeling during 

the impulse response measurements. Another position was explored in the 

analytical study. 

 - 9 -



• The number of uniformly spaced receiver positions was 36 for the computer 

model and 20 positions for the scale model. 

• The important acoustical details of the actual mosque were focused on in the 

models. Unfortunately, several architectural details and additional shapes were 

slightly different due to limitations on the construction process of the scale 

modeling, although similarities between models in both computer and scale 

modeling were kept consistent. 

1.4 Plan of Development 

The next two chapters discuss geometrical acoustics theory pertinent to the analysis 

of mosque acoustics and then present a review of several parameters related to speech 

intelligibility. Chapter 4 discusses details of the computer modeling efforts. Chapter 5 

discusses the physical scale modeling work.  Finally, Chapter 6 provides conclusions and 

recommendations for future work. 

 - 10 - 



CHAPTER 2  

GEOMETRICAL ROOM ACOUSTICS 

 

Geometrical room acoustics is a simplified way to describe the acoustical 

properties of rooms that are relatively large and irregular in shape.12 Its use is permitted if 

the dimensions of the room and its bounding surfaces are large compared with the 

wavelength of sound. In this case, the sound waves see the room surfaces as infinite 

planes that create specular reflections. All the computational approaches in this research 

used for modeling the mosque were based on this geometrical room acoustics method. 

Ray tracing and image source methods are two classical geometrical methods used 

for simulation of sounds in such rooms. The ray tracing method is well suited to study the 

propagation of high-frequency sound waves and their reflections from large surfaces. The 

Darussholah mosque consists of many large surfaces with dimensions that generally 

satisfy the required assumptions. The backgrounds of this method and the image-source 

method are discussed briefly in this chapter. A discussion of a hybrid method is also 

given, as it is now the method most generally used in computer-modeling packages. 

2.1 Ray Tracing Method 

The ray tracing method uses a large number of sound rays, which originate from a 

certain point and are emitted in various directions. They are meant to represent a small 

portion of a spherical wave with a vanishing aperture. The rays are traced around the 

room, losing energy as they impinge upon room boundaries. The lost energy results from 

boundary and air absorption. In order to obtain a calculation result of reflection paths 

related to a specific receiver position, a minimum number of rays (N) is required: 13
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A
cN π
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(2.1)

where t is the propagation time, c is the speed of sound in air, and A is the total surface 

area of the room. In the early stage of its development, the ray tracing method 

emphasized visual inspection of reflection distribution.14 It was then further developed to 

calculate an impulse response.15 Recently, the ray-tracing method has been adopted for 

use with a circular cones technique and the use of triangular pyramids, in order to 

calculate an impulse response.16

2.2 Image Source Method 

In an enclosed space, signals radiated from a source will encounter acoustically 

reflective surfaces. The reflection could be seen as a signal radiated from a virtual source. 

This virtual source is a mirror of the actual source, which means it is placed behind the 

surface with a distance d’ = d, where d is the perpendicular distance between the source 

and the surface (see Fig. 2.1). The reflection will then interact with other reflecting 

surfaces, creating additional reflections by mirroring the source and/or virtual source with 

respect to other plane surfaces. 

d’ d

AA’

A’’

d’ d

AA’

A’’
 

 
Figure 2.1.  Image sources of first and second order. A = source, A’= first order image source, and A’’= 

second order image source. 
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In general, the number of surfaces a reflection has encountered is the order of 

reflection. The total number of images of order N up to in is obtained by adding all of the 

images that were generated while the sound travelled in the enclosure12, i.e., 

( ) ( )
2

11
−

−−
=

N
NNiN

ni

n (2.2)
Rindell17 proposed a formula to approximate the number of image sources within a 

radius of ct in a rectangular box-shaped room: 

3
3

3
4 t

V
cNrefl

π
= , (2.3)

where V is the room volume (m3). 
 

2.3 Hybrid Method in Computer Modeling 

Disadvantages were found by Vorlander in the validity and application of the law 

of specular reflection, both in terms of ray tracing and the method of image sources.18, 19 

He found reasonable results from the acoustical analysis in only three of fourteen models 

used in his round-robin research. Apparently, all three models used hybrid methods. This 

has led to the development of hybrid procedures in order to combine the advantages of 

ray tracing and image sources (see Rindell13 and Howarth and Lam20). The idea of the 

combined method is to have an efficient way to find image sources with high 

probabilities of validity by tracing rays from the source and noting the surfaces they hit. 

Each path detected in this way is associated with a particular sequence of valid image 

sources, which are identified by backtracking the path of a sound particle, then testing it 

to determine whether it gives a contribution at the chosen receiver position. Once the 

valid images have been found, the energy impulse response can be formed by adding the 

 - 13 -



contributions of all image sources and using the energy reflection coefficients of the 

room boundaries involved.  

A secondary source method has proven to be efficient at choosing the early and late 

reflections. This method is currently being used in the ODEON program.21 In general, the 

early reflections are calculated by combining the image source method and the ray-

tracing method. The late reflections are calculated using a ray-trace process, which 

generates diffuse secondary sources. In this process the rays are sent from the source 

position, detecting image sources up to a certain reflection order, then detecting 

secondary sources on the surfaces of the room at the collision points.  

The image sources which lie within a certain distance of the receiver are checked 

strictly to determine whether they give a contribution at the receiver. Image sources lying 

farther away are treated statistically to generate a realistic reverberant decay which 

approximates the true one.22 As determined by this method, the last early reflection from 

one image source may arrive at a receiver position after the first late reflection from a 

second image source; there will be an overlap. This will lead to the energy response 

curve, which is the reverse-integrated impulse response.23 Reverberation time can be 

estimated from this curve. Other acoustical properties of the room can be derived from 

other integrations of the impulse response.  

The computer modeling package used in this research was EASETM. The hybrid 

method used in EASE is basically the same as the first hybrid method described above, 

involving the building of an image tree. Detailed discussion of the algorithm is available 

in H.M. Smith’s thesis.24 
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2.4 Geometrical Acoustics of Domes (Concavely Curved Surfaces) 

Domed ceilings are encountered as concavely curved surfaces in rooms. In general, 

these surfaces are considered detrimental to a room’s acoustics since they have the 

tendency to impede the uniform distribution of sound energy or to concentrate the sound 

energy near a certain point. Curved walls and domed ceilings can be approximated as 

spherical or cylindrical segments. Accordingly, the laws of geometrical optics for rays 

reflected at a concave or convex mirror can be applied to the problem (see Fig. 2.2).  

 
 
 

 
 

 

       
 

 s      
  (2.4) 

Rba
211

=+

         
 
 

 

 

 

 
Figure 2.2.  Reflection from concave and convex mirrors. (a) Reflection from a concave mirror with 

a>R/2, (b) reflection from a concave mirror with a<R/2, and (c) reflection from a convex mirror. 
 

A few practical conclusions can be drawn for a domed surface, when being 

characterized as a concave mirror [see Fig. 2.3 (a)] with a completed full circle radius R. 

The impinging sound energy may be concentrated in certain regions or distributed over a 



wide angular range, depending on the position of the source and the receiver. For a 

spherical concave surface with a large aperture, these reflected sounds can form an 

envelope, which is known as a caustic. The reflected rays that are not collected at a point 

will create a caustic form [see Fig. 2.3 (a)]. Near the axis, the caustic reaches the focal 

point at the distance b=R/2 when a→∞. A focusing effect is considered the main concern 

of a spherical concave curve surface such as a dome, which in practice is avoided since it 

can present serious acoustical problems.  

Another sound distribution effect is the whispering gallery effect. It often occurs 

when the reflecting surface geometry has more of an elliptical shape. Because of the two 

foci [see Fig. 2.3 (b)] the sound will be collected at the receiving point.  

 
 

Axis, Focal Point

Caustic

F1 F2

Whispering gallery effect 

(a) (b)

Figure 2.3.  (a) Focusing point effect (b) Whispering gallery effect12, F1= focal point 1, and F2= focal 
point 2. 

 
The dimensions of a reflector, which in this case is the concave dome surface, must 

be seen in relation to the distances a1 and a2, the distance of the source and the receiver to 

the dome surface, respectively. A useful parameter is the characteristic distance a* 

defined by the relation: 
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An additional term used to approximate the reflection from a cylinder with radius of 

curvature R is: 25

θcos
1log10

R
aLr

∗

+−=
(2.6)

By knowing the approximate reflection from a curvature surface, the sound attenuation 

caused by the diffraction on this surface can be defined from Eq. (2.6) above, since 1-Lr = 

La, is the approximate absorption of the curvature surface. In a cylinder with a concave 

curve, the energy is concentrated by the reflection, and a focusing effect appears if 

θcos/∗−= aR .  

In the acoustical computer models, it is necessary to subdivide a curved surface 

into a number of flat planar surfaces. In a concave surface, particularly in domes, what 

might create a problem is that each flat plane surface may contribute a reflection. As a 

consequence, the total reflections from the flat plane surfaces that create the curve surface 

will increase with the number of sub-surfaces. For such a simulation in computer 

modeling, Kuttruff concluded that it is preferable to compute the exact sound paths 

without approximating the curved boundary with flat plane surfaces,26 since such an 

approximation inevitably leads to significant errors, especially near the focal region of 

the curved surfaces. Papageorgiau3 verified this assumption through an analytical and 

numerical study, comparing results from a particular model with a curved roof. It was 

found that using the exact curved surfaces, as opposed to the flat surface approximation, 

we can represent a more accurate and efficient solution.  
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The idea to model an exact curved surface was not applicable in this research since 

EASETM describes the geometry of a curved surface by a number of flat plane surfaces. 

The problems that might occur by using this approximation method can be greatly 

reduced if the diffraction attenuation (equation 2.6) is introduced in the model. H. M. 

Smith (Ref. 27) studied the details of the EASETM technique and algorithm to compensate 

for this problem discussed above. 

It is important to determine a sufficient number of flat plane surfaces to model the 

curved surfaces. Unfortunately, a conclusive method to determine this sufficient number 

is not yet available, particularly for concaved domes. Papageorgiau3 found through his 

model that increasing the number of plane sections to represent the curved walls 

decreases the efficiency of the model without any real benefit to the accuracy.  
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CHAPTER 3  

METHODS FOR PREDICTON OF SPEECH INTELLIGIBILITY 
 
 

Based on the main activities held inside mosques, the main purpose of their 

existence is speech communication. Therefore, the acoustical design should be aimed at 

achieving a very high degree of speech intelligibility for all listeners, particularly inside 

the prayer hall. Intelligibility of direct, reinforced, or reproduced speech denotes the 

degree to which a normal listener can understand speech content. In general, an Imam 

that leads prayers and delivers speeches inside mosques is a male. We might consider 

three different presentation levels for male speech signals: soft (approximately 55dB 

SPL), normal (approximately 65-70dB SPL) and loud (approximately 75dB SPL).12 

These are measured at a distance of 1m from the speaker and at the frontal direction, 

denoted by 0o. The Imam is traditionally expected to speak at the loud level. 

For a given talker-to-listener distance, speech intelligibility is chiefly degraded by 

two phenomena: noise and reverberation.27 The three main approaches to predict speech 

intelligibility in rooms are based on consideration of these acoustical phenomena.28, 11 

The simplest approach is based on steady-state signal-to-noise concepts. The Articulation 

Index (AI) is a well known measure of this type. The second approach was introduced by 

Lochner and Burger, which is the concept of useful to detrimental reflection ratio.29 The 

useful energy was a weighted sum of the energy arriving in the first 0.095 seconds after 

the arrival of the direct sound. This weighting procedure proposed by Lochner and 

Burger is quite complicated and requires the identification of individual reflections in the 

impulse response. The detrimental energy includes that arriving later than 0.095 seconds, 

plus the background noise energy in the room. Such a measure is essentially an early-to-

 - 19 -



late sound ratio, with the background sound energy added to the late-arriving sound. The 

third approach involves measurement of the Speech Transmission Index (STI). It is 

derived from the modulation transfer functions and background noise levels. A simpler 

variant of the STI has also been developed, which is known as RASTI (Rapid STI).30 The 

following sections provide more details about these important methods. 

3.1 Articulation Index  

The Articulation Index has been shown to be a valid predictor of speech 

intelligibility under a wide variety of conditions involving noise masking and speech 

waveform distortion.31 The calculation procedure has also been standardized in the ANSI 

Standard S3.5-1969 and can be described as follows. First, 12 dB is added to the long-

time average signal-to-noise ratio in each standard octave band from 125 Hz to 8 kHz. 

Each modified signal-to-noise ratio is then multiplied by a weighting factor. The 

weighting factor represents the amount of information that is important in each octave 

band for speech intelligibility.32 Weighted ratios are summed to produce an AI value 

between 0 and 1. The added 12dB is intended to represent the difference between long-

time average speech levels and the peak levels.  

An AI value of 0 represents completely unintelligible speech, whereas a value of 1 

represents perfectly intelligible speech. An AI of 0.3 or below is considered 

unsatisfactory, 0.3 to 0.5 is considered satisfactory, 0.5 to 0.7 is considered good, and 

greater than 0.7 is considered very good to excellent.  
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3.2 Clarity of Speech (C50)  

The early-to-late energy ratio, C50, has been used as an indicator of the effects of 

room acoustics on speech clarity.33 It is determined from the impulse response and 

defined as the ratio of the sound energy arriving at the reception measuring position over 

the first 50 ms to the sound energy arriving after 50 ms:  
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where p(t) is the instantaneous pressure in the room impulse response and t is time. The 

second formulation is for sampled data, where n is the sample number starting with n = 1 

when the direct sound arrives. The value N1 is the sample number 50 ms after n = 1, i.e., 

N1 = 0.05 x fs, where fs is the sampling frequency. The value N2 is the total number of 

samples used in the impulse response.  

Thiele proposed a related but less used objective criterion called the degree of 

definition D or D50. 34 It is given in % and defined by the following expressions: 35
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Intelligibility of syllables of at least 85% is achieved if D = D50 ≥ 0.5, or 50%. However, 

C50 is apparently a better measure because it is linearly related to subjective assessments 

of the clarity of speech sounds.36   

3.3 Articulation Loss of Consonants (%ALcons) 

Peutz proposed an articulation loss concept with the idea that subjective 

intelligibility could be based on the percentage of correctly understood consonants in 

special monosyllabic nonsense words.37 The articulation loss varies with the square of the 

source-to-listener distance. The relationship holds until a certain distance is reached, 

which Peutz called the critical distance, or the intelligibility distance, beyond which the 

articulation loss remains constant. This distance is about 3.2 times greater than the 

traditional critical distance, namely, the distance at which direct and reverberant fields 

from a source in a room are equal. Peutz’s formula for percentage articulation loss of 

consonants (%ALcons) is 38

V
TD

ALcons

2
60

2200
% =  ,            (3.2) 

where D is the source-to-listener distance in meters, T is the reverberation time of the 

room for each octave band in seconds, and V is the room volume in m3.   

3.4 Speech Transmission Index 

The Speech Transmission Index (STI) is based on the reduction of the signal 

modulation between a source and receiver at octave center frequencies from 125 to 8000 

Hz. This section explains the process pf computing the STI and a more practical variant, 

the rapid speech transmission index (RASTI). 
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3.4.1 The Modulation Transfer Function  

When an acoustic signal propagates in an enclosure, the time-dependent intensity 

envelope of the received signal is in general a smoothed version of the original envelope. 

In quantifying speech intelligibility using the modulation transfer function (MTF), the 

function of interest is the temporal envelope of running speech. The temporal speech 

envelope must have a reasonably stable shape so that the intensity envelope produced at 

the speaker’s position is still present at the listener’s position. In order to preserve the 

intensity envelope at any audio frequency for the squared impulse signal, the envelope 

can be sine-wave modulated. The basic principle of the MTF approach may then be 

described mathematically as follows:39

Input Intensity:  ( ) ( ),2cos1 tFItI ii π+=  For a range of F values (3.2)

Output Intensity: ( ) [ ]{ }θπ ++= FtmItI oo 2cos1  (3.3)

where theta (θ) indicates the phase response, m is the amplitude response of the 

transmission system or the modulation index, and F is the modulation frequency. This 

modulation index (m) is then converted into attenuation in dB by MT = 20logm. The 

modulation transfer function is the modulation transfer, MT, as a function of modulation 

frequency, F. This means that the MTF is a reduction factor of the modulation index as a 

function of frequency.40 Schroeder41 introduced the relation between the MTF and the 

impulse response. One of the examples of the impulse response was the impulse response 

of an auditorium with purely exponential reverberation and no discrete echoes, where in 

the impulse response could be described as 

( ) ( )tseth t τ/−= , (3.4)
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where s(t) is a sample function from a stationary white-noise process. The definition of 

complex modulation transfer function (CMTF) can be described mathematically as 

follows: 

( ) ( ) ( )∫∫
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i-2 d/de tthtthm tωω
(3.5)

Plugging Eq. (3.4) into Eq. (3.5) and replacing τ/2 with T60/13.8 for strictly exponential 

sound decay, one obtains 

( ) ( )8.13/i1/1 60Tm ωω += , (3.6)

and 

( ) ( )[ ] 2/12
60 8.13/1

−
+= Tm ωω (3.7)

where T60 is the reverberation time for a 60dB decay. The CMTF was created to express 

the way in which the modulation index  m is changed by the transient behaviour of the 

room.12 Interfering noise results in an additional modulation reduction factor, which 

depends on the signal-to-noise ratio: 

( )( ) 110//
noise 101 −−+= NSm (3.8)

Some practical considerations should be addressed when using the MTF exclusively for 

predicting speech intelligibility: 

1. The source should have directional characteristics comparable to those of a talker. 

2. The microphone setup should ideally account for specific features of binaural 

listening; an omnidirectional microphone may be used for practicality in some 

situations. 
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3.4.2 STI Algorithm 

The modulation reduction factor m(ω) where ω = 2πF, as a function of modulation 

frequency F, is derived from a comparison of the intensity modulations at the input and 

output of the system and is generally affected not only by reverberation [Eq.(3.7)], but 

also by ambient noise [Eq. (3.8)]. It is defined mathematically as follows:  
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 Reverberation Effect Noise  Effect

where T is the  reverberation time in seconds, F is the modulation frequency, and S/N is 

the signal-noise ratio. The MTF of a sound transmission system for speech intelligibility, 

roughly, has a range of modulation frequencies from 0.5 to 16 Hz in 1/3-octave 

intervals.42   

The speech transmission index is a single index representing the effect of a 

transmission system on speech intelligibility. It is derived from a transformation of such a 

set of data quantifying a family of MTF curves. One curve is used for each octave band 

of the speech noise carrier and each curve is defined by 14 points on the modulation 

frequency scale, comprising 7 x 14 = 98 modulation index values. Each of the 98 m(F) 

values are then converted into apparent signal-to-noise ratio (S/N)app: 

( ) ( )
( )⎥⎦

⎤
⎢
⎣

⎡
−

=
Fm

FmNS app 1
log10/   ,                     (2.10)  

where (S/N)app is the apparent signal-to-noise ratio in dB, and m is the modulation 

reduction factor. A weighted average of the 98 (S/N)app values thus obtained results in the 

STI, after applying appropriate normalizations, where values of (S/N)app are truncated 
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when exceeding the range of ± 15 dB. Thus, if (S/N)app > 15, it is defined as 15 dB and, 

similarly, if   (S/N)app < -15, it is defined as -15 dB. All 14 values of (S/N)app derived from 

one octave-band are simply averaged. The result is the octave-band-specific (S/N)app ratio 

defined as (S/N)app,k, where the index k refers to the seven octave bands considered. 

Finally, the two last mathematical derivations are: 

( ) ( ) kapp
k

kapp NSwNS ,

7

1
// ∑

=

=
(3.11)

and  
( )[ ] 30/15/ STI += appNS (3.12)

where wk are octave-band-specific weighting factors. Their values are 0.13, 0.14, 0.11, 

0.12, 0.19, 0.17, and 0.14, corresponding to the seven octave bands with center 

frequencies from 125 Hz to 8 kHz, respectively.43  

3.5 Rapid Speech Transmission Index (RASTI) 

The RASTI approach is a more rapid procedure based on STI and is used for fast 

computational evaluations of auditorium conditions. This approach is acceptable since in 

a great number of practical situations the detailed analysis grid of STI is unnecessary. 

The mathematical expression used to calculate RASTI is the same as for calculating STI, 

but restricted to only two octave bands: 500 Hz, with four modulation frequencies (1, 2, 

4, and 8Hz); and 2 kHz, with 5 modulation frequencies (0.7, 1.4, 2.8, 5.6, and 11.2 Hz).44 

Therefore, the average apparent signal-to-noise ratio for RASTI is, 

( ) ( ) kapp
k

kapp NSwNS ,

2

1
// ∑

=

=
(3.13)

Finally, RASTI is defined by, 

( )[ ] 30/15/ += appNSRASTI (3.14)

Details of the calculation in MATLAB® are provided in Appendix A. 
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CHAPTER 4  

ANALYSIS USING COMPUTER MODELS AND NUMERICAL 

CALCULATION 
 
 

This chapter addresses the acoustics of rooms with domed ceilings from the 

standpoint of computer models and numerical analysis. Models were adapted to the 

mosque described in Chapter 1. This chapter begins with a discussion of the modeling 

process and various modeling configurations. 

The computer models allowed investigation several areas of interest. By 

generalizing the analysis, a description of the acoustical characteristics of the mosque 

models can be obtained. Observation of the dome ceiling configurations is the main 

interest in this study. In this observation, analytical studies using the propagation of these 

sound rays were also done to verify the results. Observations of the number of particles 

used for the simulations and the number of flat plane sections used to create the domed 

surfaces were also made. Two source orientations were also studied to model activities 

inside the mosque. Different model configurations were used to study the effects of 

absorptive materials inside these models. Reverberation time estimates through numerical 

calculations using the Sabine and Eyring equations are also important since some 

acoustical characteristics of a room may be predicted directly from reverberation time 

values.  

4.1 Process for Room Data Input and Description of the Models  

The original design of the mosque for input into EASETM was drawn in Autodesk 

Architectural Desktop 2004 with the AEC object [Fig. 4.1 (a)]. The advantage of using 
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this package is that it enables one to produce a file, which is small and compatible, to 

expedite the drawing process. Although the drawing process was faster, it actually failed 

to provide the single layer faces/planes that are needed in EASETM, since it automatically 

generated solid masses. By exporting the drawings into an AutoCAD 2000 dwg file, the 

problem was solved. This process automatically explodes the solid masses and changes 

the faces of the solid masses into editable planes. After this file was saved into dxf 

format, it was successfully imported into EASETM as room data [Fig. 4.1 (b)].  

          
(a)         (b) 

Figure 4.1.  (a) AutoCAD dwg file  (b) EASE 4.1 project data file. 
 
 

While the room data were assigned, simplification of the original AutoCAD 

drawing was done for several reasons, including the following: 

1. Limitations of the number of faces in the model due to time constraints and 

computer capabilities. 

2. Finding the optimum model, which is the most reduced model that still gives 

appropriate results.  

The room data input process also involved entering appropriate absorption and scattering 

coefficients of boundary materials. A variety of combinations using two different domes 

(see Fig. 1.4) and three base structures for the domes or the ring structures (Fig. 4.2) gave 

six different principal models (See Fig. 4.3 and Table 4.1)  
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(a) 

 
 

(b) (c) 
Figure 4.2.  Three different ring structures: (a) Ring L (with windows), (b) Ring M (without 

windows), (c) Ring N (Ring L and M stacked parallel). 
 
 

1 4 

2 5 

3 6 
Figure 4.3.  Principle models in the computer modeling. 
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Table 4.1.  Description of the models created in the computer modeling. 

Models Worship 
modes 

Type of 
Dome 

Ring 
Structure 

Dome 
Material 

Sections Description Drawing 
(Figure) 

1a preaching 

1b praying 

Dome A Ring L BASWA-
phon 

520 Spherical Dome, 
Ring structure with 
windows 

4.3 (1) 

2a preaching 

2b praying 

Dome A Ring M BASWA-
phon 

520 Spherical Dome, 
Ring structure 
without windows 

4.3 (2) 

3a preaching 
3b praying 

Dome A Ring N BASWA-
phon 

520 Spherical Dome, 
Ring L & Ring N  

4.3 (3) 

4a preaching 

4b praying 

Dome B Ring L BASWA-
phon 

520 Onion shaped dome, 
Ring structure with 
windows 

4.3 (4) 

5a preaching 

5b praying 

Dome B Ring M BASWA-
phon 

520 Onion shaped dome, 
Ring structure with 
windows 

4.3 (5) 

6a preaching 
6b praying 

Dome B Ring N BASWA-
phon 

520 Onion shaped dome, 
Ring L & Ring N 

4.3 (6) 

7 praying Dome A Ring L BASWA-
phon 

320 Model 1 with 
different number of 
sections 

N/A 

8 praying Dome A Ring M BASWA-
phon 

320 Model 2 with 
different number of 
sections 

N/A 

9 praying Dome A Ring N BASWA-
phon 

320 Model 3 with 
different number of 
sections 

N/A 

11 praying Dome A Ring L concrete 520 Model 1 with 
different dome 
material 

4.3 (1) 

12 praying Dome A Ring M concrete 520 Model 2 with 
different dome 
material 

4.3 (2) 

13 praying Dome A Ring N concrete 520 Model 3 with 
different dome 
material 

4.3 (3) 

14 praying Dome B Ring L concrete 520 Model 3 with 
different dome 
material 

4.3 (4) 

15 
 

praying Dome B Ring M concrete 520 Model 3 with 
different dome 
material 

4.3 (5) 

16 praying Dome B Ring N concrete 520 Model 3 with 
different dome 
material 

4.3 (6) 

 

The simulated audience area is the prayer hall with the addition of 36 seats that 

represent the positions of receivers (see Fig. 4.4) on one half of the hall. The prayer hall 

is assumed to be symmetrical. Seats in EASETM are point receivers, as if microphones 
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were placed at an actual room position for acoustical measurements. Their settings are 

immaterial. The body movements in prayers generally can be classified as having two 

different heights of ear level, that is, at a standing or sitting height. The heights of the 

seats are 80 cm, approximately the height of a person’s ears in a seated position on the 

praying area floor. This is based on the average height for an Indonesian male, which is 

approximately 165 cm. The use of the numerous seats in EASETM gives the ability to do 

detailed observations of the acoustical characteristics over space. This is applied to the 

seated position in order to address preaching inside mosques, where speech intelligibility 

is a particularly important matter. 

The distributed audience area height is 152 cm from the prayer hall floor, 

corresponding to the height of a person’s ears in a standing position. By having two 

different measurement heights (distributed audience area and fixed seats), the speech 

intelligibility for key worship activities in mosques can be observed.  

 
Figure 4.4.  Seats’ positions, seats’ numbers and audience area. 

 
Figure 4.5 shows the interior of the models from two different positions. Seat 33 is 

the receiver position at the back end of the prayer hall, facing straight toward the mihrab. 

Seat 17 is beneath the center of the dome, which in Fig. 4.5 is looking toward the side 
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walls, showing the open boundaries represented by black surfaces. All of the models are 

made with carpeting and in an unoccupied condition. 

 
Figure 4.5.  View in the model (a) from seat 33 facing the front (b) from seat 17 facing the side. 

 
 

In EASETM, the acoustical parameters (calculated according to ISO standard 3382) 

are mapped using the AURA mapping module onto the audience area or individual 

listener seats (see Fig. 4.4) by simulating the echogram.45 Another useful tools is AURA 

response, which is used for Auralization. AURA is an abbreviation for Analysis Utility 

for Room Acoustics. The module is based on the CAESAR algorithm developed by 

Aachen University.  

4.2 Statistical Methods Used in the Research 

The parameters being discussed here are %ALcons, C50 and RASTI. It is important 

to note that the C50 and %ALcons parameters used for the analysis in this research are for 

the 1000 Hz octave band only. The visualizations of the AURA mappings provide the 

ability to evaluate how the values are distributed throughout the audience area.   

Statistical analysis using samples of parameter values measured at certain seats 

provided a straightforward comparison of results from the various models. All statistical 

tests work in a similar way in testing a null hypothesis H0, which is a hypothesis that is 

presumed true until statistical evidence in the form of a hypothesis test indicates 
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otherwise. The alternate hypothesis Ha, on the other hand, is an interesting result, which 

is generally the result that the researcher is trying to demonstrate and is the opposite 

condition of H0. The result of the statistical test determines whether one will reject H0 

(accept Ha) or not reject H0 (not accept Ha). There is always a level of significance ∝ 

(alpha), associated in the statistical tests, which is used to evaluate p-values. The p-values 

are used to reject H0 if they are small compared to the level of significance or to accept 

H0 if they are sufficiently large.  

A level of significance is always needed in every statistical test. It is represented by 

alpha (∝), which is actually the level we choose that determines the risk we are willing to 

take of being wrong. In this research, ∝ = 0.05 was chosen for all statistical tests. Setting 

the alpha level at 0.05 means that this research is willing to accept the risk of 5% of the 

test run being wrong. This is related to the p-value in that, if p < 0.05, we reject the H0 

and if p > 0.05, we do not reject the H0. The p-values can be found in binomial or 

standard normal distribution tables (e.g., t-distribution, z-distribution, χ2-distribution, F-

distribution)46 using this confidence level. This is explained further in the discussion of 

each statistical test used in the research. Furthermore, it can be assumed that we have 

95% confidence in the evidence provided by the samples. The reason for choosing a 95% 

confidence level (from ∝ = 0.05 and 1-∝) is because many research fields seem to be 

content with this confidence level. In one case, the p-values can be used to decide 

whether the test had insufficient sample sizes.  

There are three statistical tests used in this research: 

• Paired t-test, based on a t-distribution. 

• Analysis of Variance (ANOVA), based on an F-normal distribution. 
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• Bonferroni t-test, based on a t-distribution. 

For comparison between pair-wise models, a simple match pair t-test was used (for 

pair-wise models, a population is assigned with two different treatments that created two 

populations). The reason for using this test instead of the two-sample t-test is because we 

are observing results at the same receiver positions in our acoustical measurements and 

seeing whether different treatments created different results. This method was not 

intended to observe whether the two groups came from the same population as addressed 

by the two-sample t-test. In this test, we make the following hypothesis: 

• H0: there are no differences between the pair-wise means (averages).  

• Ha: there are differences between the pair-wise means (averages).  

Another parameter in the t-test that can be used to derive the conclusion, besides 

the p-value analysis, is the comparison between t-statistic (t-stat) with the t-critical. The t-

critical is a number that represents the size of the mean difference required for the alpha 

level selected with the associated degrees of freedom (df). The t-statistic is a number that 

represents the actual size of the difference between the two test means. Assume that α = 

0.05. If t-stat > t-critical, there is a 95% chance that the means come from different 

populations and the null hypothesis should be rejected. 

The statistical analysis for testing the multiple models used the ANOVA test. It 

evaluates the sample variance to see whether there are differences in the population 

means (averages). In this test, we make the following hypothesis: 

• H0: there are no differences in the population means (averages).  

• Ha: there are differences in the population means (averages).  
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The ANOVA test calculates the F-statistic from comparison of multiple samples. From 

this F-statistic we find the p-value from the standard normal F-distribution at the 95% 

confidence level. The F-distributions depend on two degrees of freedom (df). If H0 is not 

rejected, that is by F-statistic < F-critical and p > alpha, it could be concluded that the 

population means are indistinguishable on the basis of the data given.47 On the other 

hand, if H0 is rejected (F-statistic > F-critical and p < alpha) this could mean all of the 

samples means are different or only that it indicates that there is a significant difference 

between at least one pair of the sample means. It does not indicate what pair or pairs are 

significantly different. In this case, a multiple comparison procedure (MCP) needs to be 

done in order to find which one differs from the rest. In other words, the MCP is not used 

to make decisions, but to identify the differences of system performances.48  

Among several MCPs available, the Bonferroni t-test was chosen because it 

determines an overall confidence bound, instead of having separate confidence levels for 

each comparison.49 It is the safest MCP because of wide robustness on sample sizes and 

test scenarios.  

4.3 Observation of Differences due to Absorption Materials (The Dome and Ring 

Structure) 

The materials applied in the model can be classified into seven types.  

Table 4.2.  List of absorption coefficients for materials used in the computer models (Ref.  EASETM).  
Absorption coefficient (α) in octave bands Materials 

125Hz 250Hz 500Hz 1 kHz 2 kHz 4 kHz 8 kHz 
Concrete smooth plastered painted 0.01 0.01 0.02 0.02 0.02 0.05 0.06 
Absorber (opened boundaries) 1 1 1 1 1 1 1 
Carpet (commercial grade carpet) 0.03 0.05 0.09 0.23 0.38 0.54 0.71 
Painted brick wall 0.01 0.01 0.02 0.02 0.02 0.03 0.03 
BASWAphon® 50 0.57 0.82 0.77 0.65 0.63 0.49 0.43 
Tile floor 0.02 0.03 0.03 0.03 0.03 0.02 0.02 
Glazed tile  0.01 0.01 0.01 0.01 0.02 0.02 0.02 
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Details of the materials and their absorption coefficients are provided in Table 4.2. In the 

computer models, scattering coefficient were generally applied by adding 10% scattering 

coefficients at all surfaces based on the default setting in EASETM. There are plenty of 

open boundaries and windows in the models, including those in the ring structure. In the 

computer models, a perfect absorbing material (perfect absorber) with α = 1, was 

assigned to these boundaries.  

BASWAphon® is a recently patented system produced by BASWA Schall-und 

Wärmedämmstoffe AG. The system consists of pre-coated semi-rigid insulation panels, 

which are first glued to the ceiling; they are finely textured, so that after a final coating, 

the surface takes on the appearance of a smooth plaster.51 The ingredients of 

BASWAphon® involve a proprietary emulsion of spherical mineral particles, which form 

a micro-porous membrane. The micro-porous membrane offers a tortuous path to incident 

sound waves and, if backed with mineral wool, provides significant mid-high frequency 

absorption (see Table 4.2). 

All of the principal models (models 1-6) had BASWAphon® for the dome surface 

material. These models are compared to models with concrete plastered domes (models 

11-16). Table 4.3 is the paired t-test result for all parameters using 6 pairs of models. The 

p-values are defined from the standard normal t-distribution table using the t-statistic’ 

values, with df = 35 and 95% confidence level (α = 0.05). All of them are zeroes except 

one, which means that the probability of the difference in the test means/averages coming 

from these pair groups in the same population is zero. The results provide evidence that 

the dome treatment material (RPG BASWAphon®) did produce a significant difference in 

the speech intelligibility parameters in model 1 through 6 for the 36 seats positions. It is 
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also shown that in all cases the t-stat > t-critical, that is, the actual mean difference is 

larger then the required one for α = 0.05. 

Table 4.3.  Paired t-test on models 1 through 6 and 11 through 16. 

Paired t-test for: RASTI, C50, %ALcons t-stat p-observed t-critical Conclusion 
RASTI model 1 and 11 15.0590 0.0000 Reject Ho
RASTI model 2 and 12 18.822 0.0000 Reject Ho
RASTI model 3 and 13 16.291 0.0000 Reject Ho
RASTI model 4 and 14 14.362 0.0000 Reject Ho
RASTI model 5 and 15 7.472 0.0000 Reject Ho
RASTI model 6 and 16 8.945 0.0000 Reject Ho
C50 model 1 and 11 6.564 0.0000 Reject Ho
C50 model 2 and 12 7.325 0.0000 Reject Ho
C50 model 3 and 13 4.711 0.0000 Reject Ho
C50 model 4 and 14 5.297 0.0000 Reject Ho
C50 model 5 and 15 5.3 0.0000 Reject Ho
C50 model 6 and 16 6.640 0.0000 Reject Ho
%ALcons model 1 and 11 -2.106 0.0424 Reject Ho
%ALcons model 2 and 12 -3.577 0.0000 Reject Ho
%ALcons model 3 and 13 -9.838 0.0000 Reject Ho
%ALcons model 4 and 14 -11.222 0.0000 Reject Ho
%ALcons model 5 and 15 -11.408 0.0000 Reject Ho
%ALcons model 6 and 16 -9.523 0.0000 

2.028 
α = 0.05 
df = 35 

Reject Ho

 
The effect of the BASWAphon material inside the model can be seen from the 

aggregate absorption plots in Fig. 4.6 and compared with concrete (Fig. 4.7). The 

BASWAphon contributed significant absorption inside the model. It can also be assumed 

that less sound reflection might occur in the domed ceiling region due to this absorption. 

This means fewer echoes might occur in this region since the intensity of the focusing 

effect was reduced by the BASWAphon absorption. Applying this total absorption into 

Sabine’s reverberation equation produces less reverberation inside the model with the 

BASWAphon material. 
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Figure 4.6.  Cumulative absorption curves for model 1. 
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Figure 4.7.  Cumulative absorption curves for model 11. 

 
Using the speech parameters, we can determine whether this treatment improved the 

speech performances inside the room as shown in Fig. 4.8 (for RASTI), around 50% of 

the seats in model 1 have very good intelligibility (RASTI from 0.60 to 0.75) and only 

25% for model 11. For the C50 (Fig. 4.9), the percentage on having a good clarity (C50 ≥ 

50dB) is almost the same for model 1 (30 %) and model 11 (25%). Finally, for % ALcons 

(Fig 4.10) there are 25% of the seats that have a poor intelligibility (Alcons > 11%) in 

model 11 and only 12% for model 1. From these comparisons, it is apparent that the 

dome treatment applied in model 1 provided better speech intelligibility. 
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Figure 4.8.  RASTI on seats for model 1 (BASWAphon dome) and model 11 (concrete dome).  
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Figure 4.9.  C50 of seats for model 1 (BASWAphon dome) and model 11 (concrete dome).  
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Figure 4.10.  %ALcons of seats for model 1 (BASWAphon dome) and model 11 (concrete dome). 

 
In order to assure that the discrepancies of the speech parameters are due to the 

different dome material, an energy time curve of the impulse responses of certain seats in 

these models are compared in Fig. 4.11. Stronger reflections are shown at 20 until 35 

seconds of the energy time curve of the model with a concrete dome for seat 1. Longer 

reflection tail that reached above 30 seconds of the energy time curve of the model with a 

concrete dome is shown for seat 2.  
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Model 1b (BASWAphon) seat number 1 Model 1b (BASWAphon) seat number 2 

 

Model 11b (concrete) seat number 1 Model 11b (concrete) seat number 2 
Figure 4.11.  Energy time curve of model 1b and model 11b. 

Observation of the differences of the ceiling structure is provided in section 4.4 

(page 44). Figure 4.12 shows the effect of the windows on the ring structure to the total 

sound absorption inside model 1.   

Cumulative absorption curves for model 1
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Figure 4.12.  Aggregate plot of the absorption area for model 1. 
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Cumulative absorption curves for model 2
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Figure 4.13.  Aggregate plot of the absorption area for model 2. 

The total area of the windows on the ring structure in model 1 is not large enough to 

create significant overall differences with model 2 in cumulative absorption. 

 Model 1b (opened ring) seat number 1 
 

Model 1b (opened ring) seat number 17 

 
Model 2b (solid ring) seat number 1 Model 2b (solid ring) seat number 17 

Figure 4.14.  Energy time curve comparison of model 1b to model 2b. 
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Model 2 with the solid ring has stronger reflections which then lead to the conclusion that 

this solid ring did create different results in the acoustics of the room, although it did not 

show up in the speech parameters. 

4.4 Calculation of Reverberation Time 

Reverberation time is a quantity introduced by W.C. Sabine about a century ago to 

characterize the duration of sound decay in a room. It is defined as the time required for 

the sound level to decay by 60 dB from its initial steady state value. Its typical 

formulation is52  

αS
VT 161.060 =  , (4.1)

where V is the room volume in cubic meters S is the surface area of the room in square 

meters, and α  is the average absorption coefficient. 

This is a standard formula for predicting reverberation time of rooms that are 

relatively reverberant (i.e., with α < 0.2)  and free from pronounced focusing effects. It is 

intended to be used for sound fields where all directions of sound propagation contribute 

equal sound intensities, not only in steady state conditions, but also at each moment 

during the decay of a sound field. The Eyring-Norris reverberation formula53 was derived 

by assuming the intensity of sound in a room, during growth, steady state, or decay, is 

given by summing up the contributions of radiant sound energy from all possible image 

sources. Its formulation is 

( )α−−=
1ln

161.060 S
VT  ,

(4.2)

Air absorption is taken into account by introducing  in the formula, where m is the 

air absorption in the air. It is defined by 

mV4

53
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( )( ) 7.14 1000//50105.5 fhm −×=  

where h is the air humidity, and f is the frequency. This term can usually be neglected for 

small rooms. With this term, Eq. 4.2 becomes 

( ) mVS
VT

41ln
161.060 −−

−=
α

 .             (4.3) 

Equation 4.1 and 4.2 converge for very reverberant rooms with small values of α  

(i.e., )1ln( α−−  is nearly equal to α ). We can then write the equation involving air 

absorption in the simplified form 

mVS
VT

4
161.060 +

=
α

 .                (4.4) 

The EASETM computer modeling provided reverberation time values using both the 

Sabine and Eyring formulas. Reverberation time is an important factor in speech 

intelligibility inside a large room such as the mosque.  

Reverberation Time for Model 1
for different air humidity
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Figure 4.15.  Chart of reverberation time in model 1, comparing values for 30% and 40% air 

humidity using results from EASETM and numerical calculations. 
 

In order to ensure accuracy, the results from EASETM were compared to other numerical 

calculations. The effects of different air humidity were evaluated using Eyring’s formula 
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through EASETM and other numerical calculations as shown in Fig. 4.15. It shows that 

the T60 values for 30% and 40% humidity start to deviate by more than 0.02 seconds at 8 

kHz, which is not significant since the acoustical parameters are not evaluated above 8 

kHz octave band. 

4.5 Observations for Different Ceiling Structures (Dome and Ring Structures) 

There are two main points of interest in this investigation related to the ceiling 

structures, each consisting of different domes and ring structures: 

• Comparison of models with a spherical dome (dome A) to models with an 

onion-shaped dome (dome B): model 1 compared to model 4, model 2 to 

model 5, and model 3 to model 6. 

• Comparison of models with the same dome but with different ring structures: 

comparison of model 1 to model 2 to model 3, and comparison of model 4 to 

model 5 to model 6. 

4.5.1 Results for Praying Mode (Source Facing Mihrab) 

 The first discussion concerns the praying mode (see Fig. 1.2). The ANOVA test is 

used in the comparison of these six different models (1b through 6b). The investigation 

can be addressed in the same statistical test by using the multiple comparison technique 

(refer to Section 4.3). The results of the ANOVA tests for each parameter are shown in 

Table 4.4. For all parameters, F-stat < F-critical and p > 0.05 (nearly 1). 

Table 4.4.  ANOVA test of RASTI, C50, %ALcons for models 1b through 6b. 

ANOVA Test F-stat p-observed F-critical Conclusion 
ANOVA RASTI  0.2126 0.9569 Does not rejectHo
ANOVA C50  0.0212 0.9998 Does not rejectHo
ANOVA %ALcons  0.3242 0.8981 

2.257067 
α = 0.05 
df1 = 5 
df2= 210 

Does not rejectHo

 - 44 - 



Therefore, the results failed to reject the null hypothesis that there are no differences on 

means, based on the data given. 

Although the H0 were rejected, the tBonferroni -tests (Table 4.5 through 4.7) were still 

done in order to determine which paired model had the largest difference. The tBonferonni 

defined in the tables below are in principle the same as t-critical in the paired t-tests. The 

negative values of the t-statistics are negligible and only the magnitudes are important. 

Related to the normal t-distribution curve, these negative t-statistics are evaluated with 

the negative side of the normal curve. Using the tBonferroni-test, some of the paired models 

have a larger t-stat than others, which means there are larger differences for these paired 

samples than for others.  

Table 4.5.   Bonferroni t-test  for RASTI models 1b through 6b. 

t Bonferroni = 2.633 1 2 3 4 5 
2 0.777     
3 0.842 0.065    
4 0.583 -0.194 -0.259   
5 0.842 0.065 0 0.259  

For RASTI 

6 0.777 0 0.065 0.194 -0.065 
 

Table 4.6.   Bonferroni t-test for C50 model 1b through 6b. 

t Bonferroni = 2.633 1 2 3 4 5 
2 0.06     
3 -0.045 -0.104    
4 -0.059 -0.118 -0.014   
5 -0.235 -0.295 -0.191 -0.177  

For C50  
(at 1 kHz 

octave band) 

6 0.015 -0.045 0.059 0.073 0.25 
 

Table 4.7.   Bonferroni t-test for %ALcons model 1b through 6b. 

t Bonferroni = 2.633 1 2 3 4 5 
2 -0.852     
3 -0.914 -0.062    
4 -0.311 0.541 0.603   
5 -0.966 -0.114 -0.052 -0.655  

For %ALcons 
(at 1 kHz 

octave band) 

6 -0.901 -0.049 0.013 0.59 0.065 
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For RASTI and %ALcons, model 1b had the largest tBonferroni-statistics but not large enough 

to conclude that there are differences in the population means for these paired models. 

The parameter mappings in Figures 4.16 and 4.17 can also be used to verify the 

analysis in this section. Generally, it is difficult to see significant differences between the 

mappings for any of the parameters. This also holds for the subjective interpretation. The 

RASTI values toward the back of the prayer hall are slightly better for models 4, 5 and 6 

than those in the models with a spherical dome (models 1, 2 and 3). Variations in the ring 

structure only show some effects on models 5 and 6, especially at the back of the prayer 

hall. The front side of the prayer hall seems to be unaffected by the ceiling changes. The 

onion-shaped dome seems to have a narrower spread area for the good values, 

particularly in the region underneath the dome. 

Model 1b Model 2b Model 3b 

RASTI 

Model 4b Model 5b Model 6b 
 

0.00– 0.30 
0.30 – 0.45 
0.45 – 0.60 
0.60 – 0.75 
0.75 – 1.00 

 
Unsatisfactory intelligibility 
Poor intelligibility 
Good intelligibility 
Very good intelligibility 
Excellent intelligibility54

Figure 4.16.  RASTI  mapping of the prayer hall for praying. 

 - 46 - 



Model 1b Model 2b Model 3b 

C50 (dB) 
at 1 kHz octave band 

 
 Model 4b Model 5b Model 6b 

 
C50 ≥ 0dB, good speech clarity54

 

Model 1b Model 2b Model 3b 

%ALcons  
at 1 kHz octave band 

 Model 4b Model 5b Model 6b 

 < 3 % 
3% - 8% 

8% -11% 
>11% 

 >20% 

ideal intelligibility 
very good intelligibility 
good intelligibility 
poor intelligibility 
worthless intelligibility54

 
Figure 4.17.  C50 and %ALcons mappings of the prayer hall for praying modes. 

 - 47 -



4.5.2 Results for Preaching Mode (Source Facing the Audience) 

The results of the ANOVA tests for each parameter and the preaching mode are 

shown in Table 4.8.  

Table 4.8.  ANOVA test of RASTI, C50, (1 kHz) and %ALcons (1 kHz) for model 1a to 6a. 

Test  F-statistic p-observed F-critical Conclusion 
ANOVA RASTI  0.1880 0.9669 Does not rejectHo

ANOVA C50  0.0267 0.9997 Does not rejectHo

ANOVA %ALcons  0.2762 0.9258 

2.257067 
α = 0.05 
df1 = 5 
df2= 210 Does not rejectHo

 
Once again, this source orientation failed to reject the null hypothesis for all 

models. The same result also holds in the t-Bonferroni test (Tables 4.9 through 4.11), 

where comparisons of model 1 to other models are seen to have the largest differences 

among all paired comparisons. This is shown by larger t-values, particularly for the 

RASTI parameter. 

Table 4.9.  Bonferroni t-test for RASTI model 1a through 6a. 

T Bonferroni = 2.633 1 2 3 4 5 
2 0.828   
3 0.707 -0.121   
4 0.707 -0.121 0   
5 0.707 -0.121 0 0  

For RASTI 
at 1 kHz octave 

band 

6 0.421 -0.408 -0.287 -0.287 -0.287 
 

Table 4.10.  Bonferroni t-test for C50 model 1a through 6a. 
t Bonferroni = 2.633 1 2 3 4 5 

2 -0.036   
3 -0.023 0.013   
4 -0.182 -0.146 -0.159   
5 0 0.036 0.023 0.182  

For C50 
at 1 kHz octave 

band 

6 -0.276 -0.241 -0.253 -0.094 -0.276 
 

Table 4.11.  Bonferroni t-test for %ALcons model 1a through 6a. 

t Bonferroni = 2.633 1 2 3 4 5 
2 -1.024     
3 -0.944 0.081    
4 -0.547 0.487 0.397   
5 -0.611 0.414 0.333 -0.064  

For %ALcons
at 1 kHz octave 

band 

6 -0.427 0.597 0.516 0.119 0.183 
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The parameter mapping used for this observation is only the RASTI (see Fig. 4.18).  

Model 1a Model 2a Model 3a 

RASTI 

 
 

Model 4a Model 5a 
 

Model 6a 
 

0.00 – 0.30 
0.30 – 0.45 
0.45 – 0.60 
0.60 – 0.75 
0.75 – 1.00 

 
Unsatisfactory intelligibility 
Poor intelligibility 
Good intelligibility 
Very good intelligibility 
Excellent intelligibility 

Figure 4.18.  RASTI mapping of the prayer hall for preaching. 

The reason is because the results for praying also hold in the preaching orientation, where 

all the parameters have a similar mapping pattern, and therefore one parameter can be 

used to depict the patterns of the other parameter mappings. 

4.5.3 Analysis Based on EASETM Results 

The front side of the prayer hall does not seem to be affected by the ceiling 

structure. In this area, the direct sound is more dominant than the reflected sound. The 

narrower area of good intelligibility underneath the dome seems to relate to the sound 

pressure levels that occur in this area. This statement is justified in part by the 

geometrical acoustics analysis of reflected sound intensity underneath the dome, 

presented in the following section. All the p-values in the F-test are nearly unity, 
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verifying that there is strong evidence provided by the data. Furthermore, it is also 

appropriate to assume that the test is significant, with α = 0.05, to produce a conclusion, 

which is that the variation of the ceiling structures on these models did not create 

significant differences in the speech intelligibility.  

While significant differences did not appear in the speech intelligibility parameters, 

energy time curves show that there are differences in the results produced by the models 

(see Figs. 4.19 and 4.20).  

 
model 1b 

 
model 2b model 3b 

 
model 4b model 5b model 6b 

Figure 4.19.  Comparison of models 1b through 6b at seat 1 using the energy time curves. 

 
model 1b  

model 2b model 3b 

 
model 4b 

 
model 5b 

 
model 6b 

Figure 4.20.  Comparison of models 1b through 6b at seat 17 using the energy time curves. 
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The differences due to dome shapes are more dominant throughout the time interval than 

those due to the ring configurations for the same dome shape. 

4.5.4 Analysis Based on Sound Ray Reflections by Concave Domed Ceiling  

It is not very promising to apply methods of wave theory to find answers to 

practical questions in room acoustics, especially for rooms that are quite large and have 

irregular shapes, such as the mosque. The calculation of the associated normal mode and 

eigenvalues in such cases is quite difficult and must generally be conducted using 

numerical methods. Therefore, geometrical room acoustics was used instead to study the 

acoustical effects of a domed ceiling element in the room.  

The following analysis is used as an addition to the former analysis to see the effect 

of different ceiling structures, the main interest being the area beneath the dome. 

Cremer55 provided a practical method to observe the sound distribution effect in such 

rooms by using several variable relationships as discussed below. His method is 

graphically explained in Fig. 4.21. In order to use this method, the analysis was 

conducted by placing the source at a standing position height with reference to the floor, 

at the center of the dome. The dome reflects the original ray bundle according to the 

concaved mirror formula in Eq.(4.5) [also see Eq.(2.4)], 

rhh
2

'
11
=+  ,

(4.5)

where h is the distance between the source and the dome or plane surface, h’ is the 

distance between the image point and the dome or plane surface, and r is the radius of 

curvature of the dome. Both h and h’ are on the axis of the dome. The relationship 

between diameters of the reflected ray bundle is given by 
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The diameter at the ceiling plane covered by the original ray bundle is d/2. The condition 

for the dome reflection to be weaker than the flat ceiling reflection in the receiver plane is 
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This condition is met if the center of curvature lies higher above the floor than the 

halfway point to the ceiling [Eq. (4.8)]: 
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Figure 4.21.  Ray bundle reflections on dome ceiling. 

This method was used to depict the ray bundle reflections of the two different 

domes modeled in EASETM in order to understand the influence of having different 

vertical dimensions of height and its spherical concave surface radius. Both model 1 and 
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model 2 have the same ceiling structure heights. These models and model 3 have ceiling 

structures with smooth spherical concave domes but with two different altitudes.   

15.16 m

Plane surface 

6.17 m

3.87 m

7.74 m
11.29 m

3.87 m

S’

S

M

 
Figure 4.22.  Geometrical analysis of models 1 (or model 2). 

Figure 4.23.  Geometrical analysis of model 3. 
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In Fig. 4.22 and Fig. 4.23, r < h/2. Therefore the dome reflection is more divergent 

than the reflections from the plane surface (d’ > d), which means the dome reflection is 

weaker in intensity then the reflections from a plane surface. If r > h/2, then the dome 

reflection is more concentrated. In addition, in order to have equally distributed reflecting 

rays in the audience, the radius of the curvature needs to exceed 2h, so it will also exceed 

the parabolic limit. 

Table 4.12 is the analytical study for comparing the diameter of the dome 

reflections in model 1 (or model 2) and model 3 using Eqs. (4.6) through (4.8). By having 

a larger h in model 3, the ratio between the diameters of dome reflections with the 

diameters of plane surface reflections is larger.   

As long as in the curvature surface (the two dimensional section of the dome) there 

is neither a source nor receiver point occurring, then focusing should be limited. Figure 

4.24 shows that in the area beneath the dome, the onion shaped dome created more 

concentrated reflection rays than the spherical dome. Therefore, several reflections had 

the potential to create a pronounced focusing effect. 

Table 4.12 Analytical comparison between model 1 (or model 2) and model 3 

Model 1 or 2 (see Fig. 4.22) Model 3 (see Fig. 4.23) 
h = 15.16 m, r = 6.17 m h = 16.86 m, r = 6.17 m 
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Figure 4.24.  Geometrical analysis of model 4 (model 1 with an onion-shaped dome). 

4.5.5 Analysis Based on The Intensity of the Ray Bundles 

The effect of the curved surfaces (domes) can be studied quantitatively using the 

following equations: 12
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where: Io = Intensity of the incident bundle reflected at the mirror 
  Ir = Intensity of the reflected bundle  
  x = radius of the mirror (meters) 
  a = distance between the source and the mirror (meters) 
  b = distance between the image and the mirror (meters) 
  n = coefficient, 2 for the spherical mirror including dome 

Both A and B are constants representing the intensity of the ray bundles. 

plane surface 

h 

S
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It is based on the ratio of the intensity of the incident ray bundle at a mirror with the 

intensity of the reflected ray bundles. The ratio of both intensities A/B = [a/b]n at x = 0, 

where both intensities must be equal. 

Using the equations above, Table 4.13 shows the results for the intensity ratio of 

model 1 and model 3. It is shown that a model with a smaller a or h (see Fig. 4.22) has 

more intensity in the reflected bundles. This also agrees with the sound ray analysis in 

Table 4.12, where that particular model created a smaller d’, which is the reflected sound 

ray diameter. The ratio of the intensity ratio between model 1 and 3 is 1.19, which means 

both intensity ratios are nearly the same. The analytical studies on both the sound ray 

reflections and intensity ratios further suggests that the ceiling structure variations in 

models 1 through 6 did not create dramatic differences inside the mosque. 

Table 4.13.  Intensity Ratio of model 1 (or model 2) and model 3. 

Model 1 (see Fig. 4.17) Model 3 (see Fig. 4.18) 
a = h = 15.16 m 
b = h’ = 3.87 m 
x = r = 6.17 m 

a = h = 16.86 m 
b = h’ = 3.78 m 
x = r = 6.17 m 
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4.6 Observation of Differences due to Different Numbers of Particles in the 

EASETM models 

The number of particles is an expression for the number of radiated rays in 

EASETM. It is expected that the higher the number of particles, the more accurate the 

simulation. Unfortunately, the calculation time also becomes longer. One might question 
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why the models show no significant differences in the speech intelligibility parameters 

for the different ceiling structures. Both the preaching and praying modes showed 

negligible differences in the parameters. One possibility is that the simulation might need 

many more sound rays impinging on the dome in order to generate sufficient reflections.  

We address this possibility only for the praying modes since it is the most frequent 

activity in the mosque. A paired t-test based on the difference of sample means is used to 

compare results from the models with two different numbers of particles: 100,000 and 

500,000. The parameters in all other observations were generated using 100,000 particles. 

These numbers of particles can be assumed as different treatments. Therefore, the 

generalized H0 is that any difference observed among the treatment conditions occurs by 

chance and does not reflect a true difference. Models 1 through 6 were used in this 

observation. Table 4.14 provides evidence that there are no differences in the speech 

parameters generated by the model due to different numbers of particles except perhaps 

for the %ALcons parameter in model 4.  

Table 4.14.  Paired t-test of RASTI, C50 and %ALcons for difference in number of particles. 

Model t-statistic p-observed t-critical Conclusion 

1 0.541 0.5191 Does not reject H0

2 -1.01 0.3194 Does not reject H0
3 -0.253 0.8014 Does not reject H0
4 1.864 0.0707 Does not reject H0
5 0.458 0.6497 Does not reject H0

RASTI 

6 0.572 0.5711 Does not reject H0
1 0.1 0.920 Does not reject H0
2 -0.035 0.9723 Does not reject H0
3 -0.848 0.4024 Does not reject H0
4 1.291 0.2050 Does not reject H0
5 0.348 0.7301 Does not reject H0

C50
at 1 kHz octave 

band 

6 0.666 0.5096 Does not reject H0
1 -0.160 0.8737 Does not reject H0
2 -0.244 0.8083 Does not reject H0
3 0.111 0.9124 Does not reject H0
4 -2.723 0.01 Reject H0
5 1.29 0.2055 Does not reject H0

% ALcons
at 1 kHz octave 

band 

6 0.016 0.9876 

2.028 
α = 0.05 
df = 35 

Does not reject H0
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Figure 4.25.  %ALcons of model 4 with different number of particles. 

 
Figure 4.25 shows that there are more than 13 pair seats that deviated significantly and 

contributed to reject the null hypothesis in %ALcons of model 4. Nevertheless, it is still 

clear that there is no evidence to reject the hypothesis for no difference in the mean of the 

speech parameter values due to different numbers of particles in the simulation. 

4.7 Observation for Different Source Orientation  

Praying and preaching inside a mosque are two activities conducted at separate 

times when the imam is standing at the same position, close to the mihrab, but with 180o 

differences in his orientation. A single comparison using the parameter mappings was 

done on model 1a (preaching activity) to model 1b (praying activity), shown in Fig. 4.26. 

From the mappings, speech intelligibility is shown to differ for the two modes. The 

difference might be associated with the parameters throughout the whole prayer hall (i.e., 

globally) and not so much with a spatial variation over the receiver positions (seats). 
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RASTI Model 1a C50 Model 1a 
 

%ALcons Model 1a 

RASTI Model 1b C50 Model 1b %ALcons Model 1b 
Figure 4.26.  RASTI, C50 and %ALcons mappings for model 1a and model 1b. 

This assertion is verified through the paired t-test for each parameter on model 1a 

compared to model 1b with the null hypothesis (H0) that there are no differences (refer to 

Table 4.15). 

Table 4.15 Paired t-test of model 1a and model 1b for RASTI, C50, and %ALcons

Parameter t-statistic p-observed t-critical Conclusion 
RASTI 0.584 0.5631 Does not reject H0
C50 -2.745 0.0095 Reject H0
%ALcons -0.485 0.6306 

2.028 
df = 35 
α = 0.05 Does not reject H0

 
It is only the t-test for C50 that rejects the H0, which means this is the only evidence that 

shows differences for the two modes. The preaching mode was expected to have better 

speech intelligibility because the source is facing the receiving positions. In the praying 

mode there are two conditions that might lead to less speech intelligibility. One is the 

possibility that a lower level is heard by the receiver, since the direct signal is coming 
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from the back of the source. Another is the presence of the mihrab, which acts as the first 

boundary impinged upon by the direct sound from the front of the source. All of the 

parameters might have rejected the H0 and proved that there are differences due to source 

orientation as compared to the praying area mapping if more seat positions were being 

observed. Most seats of model 1a (80%) have a better speech clarity than seats in model 

1b (see Fig. 4.28). There are 6 seats in the first 2 rows that have nearly the same %ALcons 

(see Fig. 4.29). This is also seen in the RASTI data (Fig. 4.27). 
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Figure 4.27.  RASTI of model 1a and model 1b. 
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Figure 4.28.  C50 of Model 1a and Model 1b. 
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Figure 4.29.  %ALcons of Model 1a and Model 1b. 
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Model 1a seat no. 1 Model 1a seat no. 2 

 
Model 1b seat no. 1 

 
Model 1b seat no. 2 

Figure 4.30.  Comparison of model 1a to model 1b (different source orientations) using energy time 
curves 

 
 Using energy time curve comparisons, it is shown that different source orientations 

did created different reflections. The direct sounds are also shown to be different, which 

is stronger for the source facing the receiver (preaching mode) as would be expected. 

Some stronger reflections created by the mihrab are also found from model 1b. This 

means that the mihrab did have an important role in the production of sound reflections 

inside the room.  

4.8 Observation of Differences due to Different Numbers of Planes  

 EASETM and other computer modeling packages do not provide the ability to 

model smooth curved surfaces. Instead, one must model such surfaces as a number of 

plane sections. In order to see whether different numbers of planes in the domes give 

different results, three additional models with spherical domes were simulated using 320 

plane sections instead of 520, as used in models 1, 2, and 3.  
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Figure 4.31.  RASTI and C50 mappings of models 1, 2, 3, 7, 8 and 9 for comparison on number of 

dome sections. 
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Figure 4.32.  %ALcons mapping of models 1, 2, 3, 7, 8 and 9 for comparison on number of dome 

sections. 
 

Comparative mappings are given in Figs. 4.31 and 4.32. Visually, the overall mappings 

for the three parameters show no differences between related pairs of models, i.e., model 

1 vs. 7, model 2 vs. 8 and model 3 vs. 9. Furthermore, all six models appear to be 

consistently uniform in their predictions.  

It is a straightforward matter to conclude from the F-statistic in Table 4.16 that 

there is no evidence that there are differences in the models. 

Table 4.16 ANOVA test of models 1, 2, 3, 7, 8 and 9 

  ANOVA Test F-statistic p-observed F-critical Conclusion 

RASTI (1,2,3,7,8,9) 0.263711 0.932465 Does not reject H0

C50 (1,2,3,7,8,9) 0.028498 0.999606 Does not reject H0

%ALcons (1,2,3,7,8,9) 0.293625 0.916115 

2.257067 
α = 0.05 
df1 = 5 
df2= 210 Does not reject H0
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Three of the paired t-tests (Table 4.17) showed that there is evidence to reject the null 

hypothesis for differences between each model pair, although this did not hold for the C50 

parameters.  

Table 4.17.  Paired t-test of models 1, 2, 3, 7, 8 and 9. 

Paired t-test t-statistic p-observed t-critical Conclusion 
RASTI model 1 and 7 8.159 0.0000 Reject Ho
RASTI model 2 and 8 2.235 0.0319 Reject Ho
RASTI model 3 and 9 -0.26 0.7961 Does not reject Ho
C50 model 1 and 7 -1.001 0.3235 Does not reject Ho
C50 model 2 and 8 -1.474 0.1493 Does not reject Ho
C50 model 3 and 9 -0.438 0.6641 Does not reject Ho
%ALcons model 1 and 7 -6.785 0.0000 Reject Ho
%ALcons model 2 and 8 -1.382 0.1756 Does not reject Ho
%ALcons model 3 and 9 -0.123 0.9025 

2.028 
α = 0.05 
df = 35 

Does not reject Ho

 
Figures 4.33 through 4.35 are the speech parameters of seats in model comparisons, 

which provided evidence of differences, by rejecting the null hypothesis of the paired t-

test in table 4.17. In the subjective RASTI range, there are no differences in the 

comparison.  
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Figure 4.33  %ALcons of model 1 and model 7 at 36 seats observed. 
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Figure 4.34.  RASTI of model 1 and model 7 at 36 seats observed. 
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Seat 24 and 27 in model 1 have very good intelligibility, slightly better than model 7, 

which is good intelligibility.  
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Figure 4.35.  RASTI of model 2 and model 8 at 36 seats observed. 

 

  
Model 1b (opened ring) seat number 1  Model 1b (opened ring) seat number 17 

 
Model 7b (solid ring) seat number 1 Model 7b (solid ring) seat number 17 

 
Figure 4.36. Comparison of model 1b to model 7b using energy time curves. 

 
Figure 4.36 shows that significant differences in impulse responses do not occur in the 

comparison of model 1b and 7b, which are the models with the same dome ceiling 

configurations but with different number of planes. This comparison verified the 

conclusion addressed by the statistical analysis and the visualization of the speech 

parameters. 
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CHAPTER 5  

ACOUSTICAL SCALE MODELING  
 

The most significant portion of the work for this thesis involved the development 

of a 1:12 acoustical scale model of the mosque. An acoustical scale model is a physical 

model used principally for four purposes: 

• To study the sound-reflection processes due to structural boundaries. 

• To include diffraction, scattering, and other wave-related properties. 

• To test room shapes and their geometrical acoustic properties. 

• To measure room impulse responses and corresponding subjective parameters. 

The following sections address the effects of this research to utilize the acoustical scale 

modeling methods. They first discuss the principles of acoustical scale modeling, and 

constructions of the model. They then discuss the source development process and 

measurement techniques. They finally present results and discuss their significance.    

5.1 Applications of Principles in Acoustical Scale Modeling 

Acoustical scale model measurements rely on the law of acoustical similarity56 by 

carrying the scale factor throughout the acoustical characteristics of the model. This law 

should be applied in the use of the model for all four purposes mentioned above. 

Relationships that can be derived from the law of acoustical similarity between a full-

sized room and a model include 

S
l
l

r

m

r

m ==
λ
λ

,
   (5.1)

where in this research S = 1:12, and  
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and where, λm = wavelength in scale model 

lm = length in scale model 
cm = speed of sound in scale model 
fm = frequency in scale model 
cm = speed of sound in scale model 
tm = time in scale model 

λr = wavelength in actual room 
lr = length in actual room 
cr = speed of sound in actual room 
fr = frequency in actual room 
cr = speed of sound in actual room 
tr = time in actual room 

 
Scale factors ranging between 1:5 and 1:40 are often found in practice. A scale 

factor of 1:12 was chosen in this research, based on technical and practical 

considerations: 

• A suitable size of the model for the laboratory and wood shop where the model 

was assembled, and a suitable size for the anechoic chamber where the acoustical 

measurements were taken.  

• An adequate frequency range of operation related to apparatuses available in the 

BYU Acoustics Research Group. 

The frequency range used for acoustical measurements in actual rooms is typically the 

125 Hz octave band for the lower band limit and 4 kHz or 8 kHz octave band for the 

upper band limit. For the 1:12 scale model, the desired frequency range was then 1,2 kHz 

to 72 kHz or up to 120 kHz. As indicated earlier, the main focus of this research is speech 

intelligibility in the mosque. In general, the majority of speech energy is contained in the 

frequency range of approximately 250 to 4000 Hz. In the telephone industry, 300 to 3000 

Hz would be the common frequency range used.57 The strongest frequency range is 
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between 1800 to 2500 Hz for consonants of speech.58 Following these trends, the scaled 

frequency range used in this research was then 3 to 48 kHz.  

There were several important factors that needed to be considered when designing 

and building the experimental apparatus and doing the acoustical analysis. Many were 

related to the relationships in equations (5.1) through (5.4). They included 

• Materials used in the scale model.  

• Construction of the scale model. 

• Sources and receivers. 

• Measurement techniques. 

• Sound field medium. 

5.2 Materials Used in the Scale Model 

In a 1:12 scale model, the linear dimensions of the model are reduced to one-

twelfth their original size. The materials chosen to construct the model must have 

absorption coefficients similar to those in the full size room, but at frequencies twelve 

times higher. They should also have mass densities that are similar to those in the full 

size room, which means that the mass densities are not scaled.  

Beyond geometrical considerations, choosing the absorption coefficients of 

materials is the most important task for evaluating the time sequence of early reflections 

from the room boundary surfaces at specified frequencies. It is sufficient to use backing 

materials in the model that are capable of minimizing the sound absorption. The 

boundary conditions must be scaled to match the acoustic impedances of the walls and 

medium where the sound propagates. This relates to the fact that absorption coefficients 
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may be defined in terms of specific acoustic impedances in room acoustics. The 

absorption coefficient is typically represented as  

21 R−=α , (5.3)

where R is the pressure-amplitude reflection coefficient. If Zs is the normal specific 

acoustic impedance of the boundary, the reflection coefficient for a given angle of 

incidence θi  is 

( )
cZ
cZ

R
is

is
i

0

0

cos
cos

ρθ
ρθ

θ
+
−

= ,
(5.4)

where ρ0c is the characteristic specific acoustic impedance of the adjusted medium (in the 

scale model). 

For high frequencies, the porosity and structural factor of a boundary material have 

the tendency to influence the absorption coefficient. The porosity factor σ represents the 

porosity of a material as the ratio of the volumes of the interior pores of a sample to the 

total volume.55 Porosity factors are conditions that we can actually measure and control. 

Sound waves in air that enter pores will be efficiently absorbed only if the holes within 

the material are interconnected. If the pores are closed, as in aerated concrete, the waves 

cannot penetrate the material.  

In some materials, the particle velocity of the air inside the material is increased by 

the influence of the internal structure of the material defined by a structural factor χ. The 

porosity factor alone is not sufficient to determine the velocity. The sound absorption for 

an infinitely thick boundary material composed of a rigid skeleton structure is given by 

the following equation for a normal–incidence wave: 
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For studies that are most concerned with sound reflection paths inside rooms, the 

materials can be chosen to have small porosity factors and high densities. Such materials 

tend to have large reflection coefficients. 

The appropriate acoustical conditions in the twelfth-scale prototype mosque were 

achieved by scaling the absorption characteristics of the various surfaces so that the 

correct reverberation time was obtained. Ideally, this would have taken into account the 

variation of absorption with angle of incidence and actual impedances of the surfaces. 

However, this degree of matching would be extremely time consuming to realize and it 

has been shown elsewhere that it is satisfactory to model only the absorption coefficient 

at random incidence.59  

Most of the building materials used in the actual mosque were bricks and concrete. 

It has been reported55 that with a structural factor χ = 4, the porosity factor for bricks are 

values between 0.25 and 0.30, which is relatively small value in the range of 0 to 1. This 

means that these materials have narrow pores. Cremer stated that reflecting materials 

could be achieved by increasing the resistance differences of the surface by narrowing the 

cross-sections of the pores inside the materials. Therefore, in the study to analyze the 

reflections of sound in the mosque in an unoccupied condition, it may be sufficient to use 

materials with narrow pores. Other considerations were mostly based on practical needs 

in the construction process. 

Medium density fiberboard (MDF),60 a type of hardboard made from wood fibers 

glued under heat and pressure, was used for the main structure. Characteristics of MDF 
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that satisfied the scale model requirements were its density, flatness, and stiffness. 

Because it was made up of fine particles, it had no knots. It was easily machined without 

damaging the surface and could be painted to produce a smooth-quality surface with a 

minimal absorption coefficient for modeling plastered and painted concrete, brick and 

tiles. High reflective marble tiles on pillars in the actual mosque were modeled using 

MDF with layers of glossy varnish. Velvet was used to model the carpet surface of the 

prayer hall since it proved to give significant absorption inside the mosque as shown in 

Fig. 4.6. 

5.3 Construction of the Model 

Ideally, the model should be as similar as possible to the actual room, although 

simplifications are commonly used in scale modeling for practical reasons. This 

simplification is acceptable as long as the model still represents the important acoustical 

properties of the room. It must be carried out with an understanding of the actual building 

structure and acoustical analogies of the architectural concepts (functional and spatial).  

 
Figure 5.1.  The scale model in the BYU anechoic chamber. 

 - 71 -



Figure 5.1 shows the scale model, a simplification of the second floor of Darussholah 

mosque. 

A construction guide is needed in the design simplification process. Additional 

details on the construction process are provided in Ref. 61. Figures 5.2 and 5.3 show the 

elements of the mosque, including the mihrab, that were considered most important. 
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Dome Structure 
Ring Structure (Type N) 
Elevated Ceiling/ 
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Figure 5.2.  The main parts of the model. 
 

 

Mihrab 

 
Figure 5.3.  Mihrab from the exterior view. 
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The first item to be constructed were columns and beams, followed by the roof structure 

and the central ceiling structure (ring and dome structures). The step-by-step process of 

building the dome structure is shown in Fig. 5.4.  

 

a b 

c

d 

Figure 5.4.  Spherical dome construction processed. (a) Rings of 1.9 cm thick MDF were glued and 
stacked. (b) The outer portion was sanded then covered with a layer of fiberglass for additional strength. (c) 

A pneumatic grinder on a jig was used to sand the inside, to create uniform-radius dome (d) The inner 
surface was sealed and coated with a glossy finish. 
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The dome was then placed on different ring structures to provide variations in the ceiling 

configurations (see Fig. 4.2 and Fig. 5.13). The rings were set on an octagonal base as a 

support structure. 

Columns of three different heights were constructed of MDF as described in Ref. 

75.  Each of them was placed as a removable element in bases that were glued to the floor 

board. The process of building the mihrab (see Fig. 5.5) was essentially the same as that 

of the dome. Each partition and element had a certain detail size, assembling, and place 

that needed to be indicated. No matter how accurate the wood working was, all of these 

elements were still machined and fitted by hand.  

After all the boundaries were set up, additional boards were placed on the floor to 

achieve the height level of the prayer hall and distinguish it from the circulation area (see 

Fig. 5.6). Finally, a thin layer velvet (less than 1 mm thick) was glued to the floor to 

represent carpeting that would be approximately 1.2 cm thick in the actual mosque. 

 

 
Figure 5.5.  Mihrab already sealed but not yet coated. 
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Figure 5.6. The Prayer hall and the circulation area. 

5.4 Source and Receiver 

An appropriate source and receiver were needed to carry out measurements in the 

scale model and obtain impulse responses. Sound sources are generally categorized in 

two types: 

• Impulsive sources (e.g., a spark discharge). 

• Continuous excitation sources. 

This research focuses on speech intelligibility assessment for a male speaker. To carry 

out the assessments in the model, the scaled source must have three fundamental 

attributes at its upward-scaled frequencies: (1) sufficient linear acoustic output to provide 

good signal-to-noise ratio, (2) an adequate frequency range, and (3) the same directivity 

as that of a male speaker. 

An omnidirectional microphone was needed to pick up the direct acoustic signal 

produced by the source and the reflected signals from the scale model boundaries. Small 

dimensions were required because of the small wavelengths associated with the scaled 

excitation frequencies.  
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5.4.1 Past Work on Speech Sources 

 Dunn and Farnsworth62 conducted what was perhaps the first major study exploring 

the pressure field around the human head during speech. It demonstrated that the speech 

sound pressure has both spatial and frequency dependence. In 1977, Moreno and 

Pfretzschner63 provided a new approach for studying directional properties of human 

speech radiation. Their research concluded that in the frequency interval studied (100-

5000 kHz), variations in head shape, head dimensions, clothing, and lip movements are 

not major factors in controlling the directional properties of human speech radiation.  

Several speakers were shown to produce only slightly different radiation patterns.  

Flanagan first developed a full-sized speech source by installing a transducer in the 

head of a full-sized mannequin.64 Its aperture was similar to the human mouth size. 

Measurements of the sound field in vertical and horizontal planes around the head 

produced results that agreed fairly well with the pressure distributions for speech reported 

by Dunn and Farnsworth. Chu & Warnock reported a detailed measurement of the sound 

fields around human talkers in an anechoic environment.65 The measurements also agree 

with other measurements made previously and provide detailed results for the same 

speech levels measured 1 m in front of the mouth in the ‘straight head’ position.  

Orlowski developed an eighth-scale speech source for acoustic models using the 

same principles as Flanagan, but in this case the aperture was much smaller than the 

driving assembly.59 A long tapered tube was mounted over the diaphragm of a selected 

high-frequency loudspeaker in order to avoid interference with the mouth radiation. 

Different shapes and sizes of tubes were investigated to provide an arrangement that 

suitably simulated the directional and frequency response characteristics of human speech 
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at the scaled frequencies. He demonstrated that it was possible to construct a model 

speech source by acoustically loading a suitable high frequency loudspeaker (at scaled 

frequencies) with an inverted conical horn. This source had directional characteristics 

similar to those of a human speaker and was capable of reproducing speech of a good 

quality.  

5.4.2 Source Development Process   

The limitation of finding a commercially available speaker that could operate in the 

test frequency range was the main concern while building the source. A KEF 

Hypertweeter loudspeaker was found to produce the needed acoustic output. The 

loudspeaker unit has a reasonably flat frequency response up to about 70 kHz so that 

speech frequencies from 250 Hz to 4 kHz in actual scale can be reproduced at the scaled 

frequencies for the 1:12 scale model.  

A 1/8 inch Brüel & Kjaer precision microphone was mounted on a stand and 

pointed toward the speaker in the same horizontal plane. Measurements were performed 

in the Eyring Science Center anechoic chamber, at BYU. Details on the equipment used, 

the apparatus settings, the technical steps to run the measurements, and the subsequent 

calculations are provided in Ref 61. 

Initial measurements were made on the KEF Hypertweeter (tweeter) alone in order 

to determine its capability. As each part of the source arrangement was added, the three 

fundamental attributes that a speech source must have (see page 75) were tested to 

produce the best design. An integrated signal source (periodic chirp) was fed into the 

source. The coherence was measure to assess how well the source would function in 

providing frequency response functioins and impulse response functions. Besides 
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checking the desired frequency range that it could cover, the frequency response was 

used to evaluate if resonances occurred in the emitted sound. To obtained an adequate 

signal-to-noise ratio and and flat frequency response, the source output level, microphone 

gain and distance between the source and receiver were carefully adjusted. Since the test 

signals were in the high frequency range, i.e., with very short wavelengths, scattering 

from electrical wiring and some surfaces inside the anechoic chamber would have 

produeced problematic results. In order to prevent these anomalies, SONEX TM foam 

rubber was placed around the source and the receiver for these measurements. The 

directivity measurements could be conducted after the coherence and frequency response 

measurements were determined to be adequate.  

The scaled frequency-dependent directivities of the tweeter alone at the observed 

frequencies do not compare well to those of human speech, as given by Chu & Warnock. 

Results from Orlowski were adapted to this study by using an inverted conical horn made 

from copper sheet. The small mouth aperture of the horn had a 4-5 mm diameter to 

approach as close as possible the size of a human mouth in the 1:12 scale, while still 

producing sufficient output for suitable coherence and frequency response. Two different 

lengths of horns were tested: which are 10 cm and 30 cm (see Fig. 5.7). 

 
    (a)       (b) 

Figure 5.7.  (a) Short horn and long horn,  (b) The design proceeded with the short horn. 
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The final design used the short horn, since after testing it was shown that the long 

horn did not have sufficient output and did not produced sufficient coherence (see Fig. 

5.8). 
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Figure 5.8.  On-axis comparison of coherence from tweeter, tweeter with 10 cm horn, and tweeter 

with 30 cm horn. 
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Figure 5.9.  Comparison of the directivity of tweeter itself and tweeter with 10 cm horn against Chu 

& Warnock male speaker at 12 kHz and 24 kHz. 
 

 The short horn frequency response was shown to have resonances as evidenced by 

Fig. 5.8. However, as shown in Fig 5.9, the directivity is better than the tweeter alone and 

is similar to the directivity of a male voice. The resonances then reduced by inserting a 

segment of open-cell foam into the end of the horn nearest the tweeter. This needed to be 

a certain length (approximately 1 cm) in order to maintain sufficient output level. The 
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directivity of the short horn mounted on the tweeter with and without the foam was 

compared to check the consistency in directivity (see Fig. 5.10). 

  -40

  -30

  -20

  -10

  0

  10

30

210

60

240

90

270

120

300

150

330

180 0

12 kHz

Without foam damping
With foam damping
Male voice at 1 kHz

 

  -40

  -30

  -20

  -10

  0

  10

30

210

60

240

90

270

120

300

150

330

180 0

24 kHz

Without foam damping
With foam damping
Male voice at 2 kHz

 
Figure 5.10.  Comparison of the directivity of the tweeter with and without inserted foam damping 

inside the 10 cm horn at 12 kHz and 24 kHz. 
 

An ideal speech source would actually come out from a human mouth. In order to 

fit that idealized condition, a 1:12 scale mannequin with an open mouth was mounted at 

end of the horn with the small aperture. The mannequin was modeled from a real human 

head with an upper part of a human torso (Fig. 5.11), adapted from other research. 

  
Figure 5.11.  Scale model mannequin made with Fused Deposition Modeling (FDM), process of 

depositing polymer in layers. 
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It was also used to model a gathering of worshipper in one of the scale model settings. 

Finally, the directivity of this last configuration was checked (Fig. 5.12) and it was used 

as the final design. 
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Figure 5.12.  Directivity of the short horn with mannequin. 

5.4.3 Analysis and Discussion of the Source Development 

Generalized from the tweeter coherence plot (see Fig. 5.8), measurements in the 

1:12 scale model were limited in frequency from 2.1 kHz to 76.8 kHz, which 

approximately fulfil an adequate frequency range for actual scale (250 to 4000 Hz). 

However, it is also shown that at frequencies around 3 to 3.5 kHz the coherence was poor 

due to uncorrelated noise in the measurement or possibly due to non-linearity in the 

transducer. Adjusting the signal output level through amplifying and adjusting the 

distance between source and receiver did improve the coherence and directivity 

consistency.  

 This thesis only provided directivity plots for measurements at 12 and 24 kHz, 

corresponding to 1000 and 2000 Hz in the full size room under the assumption that these 
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would be the main frequencies of interest in the observation because the intelligibility of 

male speech at a raised level would be controlled to a large extent by these octave bands. 

Directivity in the 12 kHz range fit best with the directivity in the Chu and Warnock 

report, especially the general pattern from -90o to 90o, passing through 0o. For a 

measurement at 24 kHz, details on the side angles seemed to be better having the source 

without the mannequin, although from -30o to 30o passing through 0o the directivity was 

closer. This effect would be more important since in the scale model measurement sound 

emitted from the front part of the source would be the priority. 

5.5 Measurement Techniques 

Measurement in the scale model in order to get the acoustical parameters is 

principally the same as measurement in an actual room. The difference is in the 

apparatuses and settings due to the scale factor. 

5.5.1 Detail of Elements of Measurement Configurations 

The scale model configurations were based on model 1, 2 and 3 of the computer 

modeling (Table 4.1). Using these models, the observation was classified further into sets 

of measurement due also to variations in the receiver’s position horizontally (seat 

number) and vertically (standing or seating position) and also the source orientation 

[preaching or praying (Table 5.1)]. The receiver positions are the same with the positions 

in the computer models (see Fig. 4.4) but with a total of 20 positions instead of 36 in the 

same numbering sequence. See Figs 5.13 and 5.14 for details on the set up 

configurations. 
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Table 5.1.  Details of measurement settings. 

Setting Receiver’s position Model  Source Orientation Number of Seats 
1c Standing  
1d Seating  

3 
 

Preaching 
 

20 positions  
(1-4, 9-12,17-20, 25-28, 33-36) 

2c Standing 
2d Seating 

3 
3 

Praying 
 

20 positions  
(1-4, 9-12,17-20, 25-28, 33-36) 

3c Hanging down from the 
ceiling, standing height 

3 Praying  
 

6 positions  
(1, 4, 17, 20, 33, 36) 

4c Hanging down from the 
ceiling, standing height 

3 Preaching 6 positions 
(1, 4, 17, 20, 33, 36) 

5d Seating with scaled 
people 

3 Preaching 6 positions 
(9, 11, 17, 19, 25, 27) 

6c Standing 
6d Seating 

1 
1 

Praying 
Praying 

20 positions 
(1-4, 9-12,17-20, 25-28, 33-36) 

7c Standing  
7d Seating 

2 
 

Praying 
 

20 positions 
(1-4, 9-12,17-20, 25-28, 33-36) 

8c Standing 
8d Seating 

2 
no carpet 

Preaching 
 

6 positions 
(1, 4, 17, 20, 33, 36) 

9c Standing 
9d Seating 

2 
no carpet 

Praying 
Praying 

6 positions 
(1, 4, 17, 20, 33, 36) 

 

Model 3 (Used for setting 1 through 5) Model 1 (Used for setting 6) 

Model 2 (Used for setting 7 through 9) Miniature people seating surrounding the 
microphone, used for setting 5 

 configurations. Figure 5.13.  Settings and measurements
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Receiver in a seatng position height (Used for Receiver in a standing position height (Used for 
setting 1, 2,  and 5 through 9) 

 
setting 1, 2, 6 through 9) 

Praying, source facing mihrab. For preaching the source facing Receiver hanged (Used for 
receiver, turned about 180o setting 3 and 4) 

 source and receiver. Figure 5.14.  Settings and measurements configurations of the

5.5.2 Generalizing the Impulse Response 

There are several techniques used to derive the speech intelligibility parameters 

from the scale model measurements. Impulse responses as the preliminary output of a 

system are used widely in most architectural acoustics studies. The response to the source 

at the various receiver measurement points is captured by a 1/8" microphone (B&K 4138) 

with a corresponding preamplifier (Larson Davis 910B) and connected through a 

microphone power supply (Larson Davis 2200C). These devices are in turn connected to 
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a DATA Physics DP620 Analyzer. Since it was measured in a 1:12 scale model, the 

impulse response needed to be scaled to the actual frequency range before further 

calculation could be done. The scaling was done in the time domain. From the 

comparison on the time length it is shown that the impulse response in the actual size 

(Fig. 5.16) is twelve times longer (1.2 seconds) than the impulse response from the 

measurement (0.1 seconds), both with the same magnitude. 
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Figure 5.15.  Impulse responses of position 1 from the measurements (h(t)). 
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Figure 5.16.  Impulse responses of position 1 in the actual size (h1(t)) 
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Acoustical parameters are determined in octave bands. Octave band filtering of 

h1(t) was therefore the next digital process. Based on the main frequency bands of interest 

for speech intelligibility evaluation in the model and limitations on the source frequency 

range output, the speech parameter calculations were done for the octave bands in Table 

5.2 below.  

Table 5.2.  Octave bands measured and used in the filtered impulse responses. 

Centre frequency of octave 
bands in scaled model (Hz) 

Centre frequency of 
corresponding octave bands in  

the actual room (Hz) 
3000 
6000 

12000 
24000 
48000 

250 
500 

1000 
2000 
4000 

 

Correcting the impulse response due to the freqeuncy-dependant air absorption 

effects was the last correction before the acoustical parameters were generated. This will 

be discussed further in the following subsection.  

5.5.3 Air Absorption in the Scale Model 

Absorption of sound in air is related to the properties of the medium of the sound 

field. As the frequencies increase, the air in the scale room becomes more absorbent than 

the corresponding air in the full size room, due to two-mechanisms of sound absorption. 

This include classical absorption and molecular absorption. Classical absorption is a 

mechanism of sound energy dissipation in air by viscous losses due to friction between 

air molecules, which results in heat generation. The classical absorption coefficient is 

therefore the sum of the shear viscosity and thermal conductivity absorption coefficient 

and depends upon the frequency of sound propagating in the air: 
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where,  

αc = classical absorption coefficient 
η  = the shear viscosity coefficient 
ηB = the bulk shear viscosity coefficient 
γ  = adiabatic constant 
k  = the thermal conductivity 
Cp = coefficient for the specific heat capacity at constant pressure 

 
The classical absorption coefficient for air is given in tables as αc= 1.61 x 10-10 f 2 dB/m. 

Molecular absorption deals with molecular thermal relaxation in gases composed of 

polyatomic molecules. For sound propagation, the most important polyatomic gas is air. 

It consists of oxygen and nitrogen, with traces of other gases, including water vapor and 

carbon dioxide. The process involves a relaxation process where the sound is absorbed in 

the air molecules and causes the molecules to vibrate and rotate, then reradiate the sound 

at a later instant. This conversion of vibrational energy in the oxygen molecule into 

translation energy is catalysed by the presence of water vapour molecules.  

For molecular absorption, the actual relationship between molecular absorption 

(mm) and frequency is given by66

2
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××
=

−

f
f

f
mm  ,      (5.6) 

where fmax is the “Napier” frequency, the frequency of maximum absorption per 

wavelength which the existing humidity produces. The Napier frequency in oxygen and 

in air is shifted to higher values by water vapor. Several researchers have proposed the 

relation between the Napier frequency and humidity (h). 
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As sound travels through the air, the intensity is attenuated exponentially at a rate 

determined by m = 2α in the equation 

mx
oeII −=                (5.11) 

This variable m is different than mm in Eq (5.6) in that it includes both molecular 

and classical absorptions. Sabine’s reverberation time introduced the air absorption 

variable m (see section 4.4). However, it is only acceptable for the frequency range up to 

10 kHz. From the discussion above, it is obvious that air absorption is sensitive to 

temperature, air composition, particularly water vapour concentration, and frequency. 

The correction factor of an appropriate air attenuation applied in the model follow the 

relationship 
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Where  I  = Intensity in the scale model measurement 
   Ic = Intensity corrected 
   m = 2α = air attenuation in the scale model measurement 
   mc = 2αcorrected = air attenuation corrected 
   x = distance of source to receiver 
 
Equation 5.12 would be acceptable if the air absorption in the actual size room is known 

and both source intensities are defined. Boone & Eggen69 proposed a method to deal with 

the correction for the difference between air absorption in the scale model and air 
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absorption in the full-sized room. A reference condition on temperature, air pressure, and 

relative humidity needs to be assumed to define the air absorption coefficient (a = 8.69 x 

α) of reference called aref (f). It is the frequency-dependent air absorption in dB/m under 

the reference conditions defined. Based on the law of similarity in scale models, the 

reference absorption in the model ideally should be: 

( ) ( )fafa refmodref, 1212 = , (5.13)

In reality another condition, ameas,mod (12 f), would be found. Therefore 

( ) ( ) refrefmeasmodmeas, 1212 cfacfab nnn ⋅−⋅= , (5.14)

and 
( ) 20/10 tb

n
ntm = , (5.15)

where mn(t) is the time-dependent amplification factor to correct the impulse response for 

the absorption discrepancy. The variable t is defined by the distance between source and 

receiver divided by the speed of sound under reference conditions, since the speed of 

sound, cref (m/s) is a variable built into bn. The air absorption has been empirically 

quantified and codified for calculation in the international standard ISO 9613-1:1996 and 

ANSI Standard S1-26:199. The calculation given here was based on the ISO standard: 70   
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Where f  = center-frequency of the octave band of interest 
frN = relaxation frequency of Nitrogen 
frO = relaxation frequency of Oxygen 
ps = static pressure 
ps,r =101325 Pa, the reference static pressure 
T = T0 + t, the thermodynamic temperature in K 
T0 = 273.15 K (0 oC) 
T20 = 293.15 K (20 oC)  
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The air absorption defined in Eq. (5.16) consists of the classical absorption and the 

molecular absorption. The first term inside the bracket is the classical absorption. The 

remainder of the terms quantify the molecular absorption. The relaxation frequency for 

nitrogen and oxygen is given by these following equations:  
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The mole fraction of water vapour in air h is defined by the relative humidity H (%) as 

follows: 

( )
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where  psv(t) is the saturation water vapour pressure in Pa. 

Air absorption compensation on the measured data was done in MATLAB ® 

[Appendix A]. For the auralization used, the octave band impulse responses were then 

added together to get the whole compensated impulse response. 

5.6 Observation of Different Ceiling Structures (Dome and Ring Structures) 

Speech parameters were calculated with MATLAB® code from the impulse 

responses at certain positions and with different measurement settings (see Table 5.1). 

Visual inspection of the parameter mappings and statistical analysis using data from 
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certain positions were used in order to accommodate further discussion of the effects of 

variations in the settings. The parameter mappings themselves were created using 

AutoDesk Land Desktop software, from 20 measurement positions. 

Results from setting numbers 2, 6 and 7 were used to evaluate models 1, 2, and 3 

that have variations in the ceiling structure. All three settings were measured with the 

source orientated toward the mihrab, which represented the praying mode.  

RASTI Setting 2c RASTI Setting 6c 
 

RASTI Setting 7c 
 

 

Unsatisfactory 

Poor 

Good 

Very good 

Excellent

Figure 5.17.  RASTI mapping of settings 2c, 6c, and 7c. 
 

RASTI mappings (see Fig. 5.17) show that there are no significant differences in 

the distribution of values, where all receiver positions fall in the subjective range of good 

speech intelligibility, except seat number 1, which has very good intelligibility. Good 

intelligibility is sometimes defined as C50 ≥ 0dB, which includes all area shaded green 

and blue (see Fig. 5.18).  
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C50 Setting 2c C50 Setting 6c 

 
C50 Setting 7c 

 
 

 
 

Good intelligibility of speech 
C50 ≥ 0 dB 

 

 

%ALcons Setting 2c %ALcons Setting 6c %ALcons Setting 7c 

%ALcons ≤ 3%  

%ALcons = 3%-8% 

%ALcons = 8%-11% 

%ALcons >11% 

%ALcons >20% 

 

ideal intelligibility 

very good intelligibility

good intelligibility 

poor intelligibility 

Worthless intelligibility

 
Figure 5.18.  C50 and % ALcons  mappings of settings 2c, 6c and 7c. 
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Setting 6c and 7c have similar C50 distributions that differ from setting 2c. They also have 

a wider area of poor intelligibility toward the back of the prayer hall. Among the three 

settings, setting 2c is shown to have the widest area for very good and good intelligibility. 

In the statistical analysis with the ANOVA test (Table 5.3), all parameters failed to 

reject the null hypothesis. There were accordingly no statistically significant differences 

in the models.  

Table 5.3.  ANOVA test on RASTI, C50, %ALcons for setting 2c (Model 3), setting 6c (Model 1) and 
setting 7c (Model 2). 

 
Test F-statistic p-observed F-critical Conclusion 

ANOVA RASTI  1.7845 0.1771 Does not rejectHo
ANOVA C50  0.2293 0.7959 Does not rejectHo
ANOVA %ALcons  0.176 0.839 

3.1588 
α = 0.05 

df1 = 2, df2= 57 Does not rejectHo

 
Table 5.4.  Result of the listening test from 12 listeners comparing settings 2c, 6c and 7c. 

Comparison Receiver position Differences (%) Preferred Condition (%) 
Setting 2c,6c &7c 1 100 6c ~50 %  7c ~ 50 % 
Setting 2c,6c &7c 17 83 6c ~ 50 % 7c ~ 40% 

 

Differences in the dome structure did not create different results in the RASTI 

distribution. RASTI values were based on reverberation times in the 500Hz and 2000Hz 

octave bands. The reverberation times at the receiver positions for the three different 

dome structures must therefore have been similar. Although they were calculated using 

reverse Schroeder integration, the reverberation time inside an enclosure is determined by 

the absorption from boundaries and the samples being compared were measured in the 

same rectangular room but with different dome ceilings. Therefore, it can be further 

assumed that the dome ceiling absorption was not significant to the total absorption in the 

mosque, due to its size and proportion relative to the much larger rectangular room. 

All listeners in an auralization listening test judged that the male voice received at 

receiver position 1 and 17 sounded different in those three different dome structure 
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settings, but most of them could not tell the difference between settings 6c and 7c. Based 

on this result, dome models 1 and 2 used in settings 6 and 7 did not yield significant 

perceptual differences in the speech parameters. These dome structures basically had the 

same height, but one had a massive ring structure and the other had windows, meaning 

different ring structures did not appreciably influence the speech parameters. 

The echograms of these settings shown in Fig. 5.19 may be compared to verify 

these results.  
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Figure 5.19.  The energy time curves comparison of settings 2c, 6c, and 7c of positions 1 and 17. 
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Setting 2c is shown to have the longest decay time, both in the echograms at 

positions 1 and 17. It also has the most significant differences in early arrivals of sound 

energy, particularly at seat 1. These conditions are related with the reflection done by the 

ring configuration since now the sounds have a longer propagation time before they 

reached the receiver. In general, there are significant differences in the echograms but 

these differences are not always shown in the speech parameters values.  

5.7 Observation of Different Source Orientations 

The source orientations represent the praying and preaching modes as they did in 

the computer models. Settings 1c and 2c have the same detail configurations. Settings 8c 

and 9c have the same detail configurations as setting 7c, but these settings are without 

carpeting. Only the C50 in the comparison of setting 1c to setting 2c provided evidence of 

statistical differences (Table 5.5). In the comparison of setting 8c to setting 9c, there are 

strong evidences that the source orientation created different results in the speech 

parameters. 

Table 5.5.  Paired t-test for settings 1c to 2c and settings 8c to 9c. 

Parameter t-statistic p-observed t-critical Conclusion 
Settings 1c-2c 
RASTI 
C50
%ALcons

0.605 
4.876 
-1.286 

0.5524 
0.0001 
0.2140 

2.086 
df = 19 
α = 0.05 

Does not rejectH0
Reject H0 
Does not rejectH0

Settings 8c-9c 
RASTI 
C50
%ALcons

2.95 
3.498 
-3.670 

0.0319 
0.0024 
0.0016 

2.447 
df = 5 
α = 0.05 

Reject H0 
Reject H0 
Reject H0

 
There are no differences in the RASTI mappings (Fig 5.20). Some similarities are 

apparent for the %ALcons mappings. Setting 1c appears to have a better clarity throughout 

the prayer hall, particularly for the area underneath the domed ceiling. This setting is for 

the preaching mode, that is, with the source facing the prayer hall.  
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RASTI Setting 1c C50 Setting 1c %ALcons Setting 1c 

 
RASTI Setting 2c C50 Setting 2c %ALcons Setting 2c 

*Refer to legends in figures 5.17 and 5.18. Additional  range for C50:  
Figure 5.20.  Mapping of parameters of settings 1c and 2c. 

The mapping of C50 shows significantly different patterns and these differences were 

verified by the t-test. A C50 parameter for good intelligibility would have values ≥ 0dB, 

which means the early energy, has to be larger than the late energy. Clearly, having the 

source facing the audience will then yield a higher C50 value, since the early energy 

consists of stronger direct energy. The listener test results using 12 listeners verified this 

assumption, given by the data that 100% of the listeners assumed setting number 1 is 

better for receiver position 1 (Table 5.6). 

Table 5.6 Result on the listening test from 12 listeners comparing setting 1c and 2c 

Comparison Receiver position Differences (%) Preferred Condition (%) 
Setting 1c-2c 1 100 1c ~100 %  2c ~ 0 % 

Setting 1c-2c 17 100 1c~ 50 % 2c ~ 50% 
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For receiver position number 17, underneath the dome, both settings were judged 

equally good since here the echo created by the dome ceiling was recognized and some 

people tended to like more reverberant rooms. On the other hand, some people prefer 

more dead rooms for better speech intelligibility. 

With regard to the comparison between setting 8 and setting 9, all t-statistic and p-

observed values reject the null hypothesis, which means in the measurements without 

carpeting, the source orientation did create different results. However, this assumption 

could only be implemented on 6 receiver positions observed. 
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Figure 5. 21.  The energy time curves comparison of settings 1c to 2c at positions 1 and 17. 

In the echograms for settings 1c and 2c at seats 1 and 17 (Fig 5.21), it may be seen 

that the direct sound is stronger for setting 1c. This was expected since in the praying 

mode where the source is facing the mihrab, direct sound is coming from the rear of the 

source. The strong reflections arriving immediately after the weaker direct sound in 
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setting 2c are sound reflections from the mihrab. Therefore, it is shown here that the 

mihrab has an important role in the acoustics of the room. 

5.8 Observations for Different Receiver Positions 

Preaching and praying modes are the two main activities inside the mosque, as 

mentioned in Chapter 1. In these activities, worshippers will perform several different 

body movements and in general these can be classified by having two different heights of 

ear level, that is, i.e., standing (setting 1c) and sitting (setting 1d) height. In the computer 

model, the seats and audience area represented these heights. Another consideration in 

scale model measurements is the position where the microphone is placed inside the 

model.  

5.8.1 Results for Standing and Seating Positions 

In the scale model measurements, the settings are classified with two different 

heights for the microphones. Table 5.7 provides the results of the paired t-test for settings 

1, 2, 6, and 7.  

Table 5.7.  Paired t-test for all parameters comparing result from receiver in standing and seating 
positions. 

 
Parameter t-statistic p-observed t-critical Conclusion 

RASTI 
Setting 1c-1d 
Setting 2c-2d 
Setting 6c-6d 
Setting 7c-7d 

 
1.438 
-0.634 
-0.608 
-0.962 

 
0.1666 
0.5336 
0.5503 
0.3479 

 
Does not rejectH0 
Does not rejectH0 
Does not rejectH0
Does not rejectH0

C50
Setting 1c-1d 
Setting 2c-2d 
Setting 6c-6d 
Setting 7c-7d 

 
-1.194 
0.954 
-0.432 
-0.892 

 
0.2473 
0.3522 
0.6709 
0.3836 

 
Does not rejectH0 
Does not rejectH0 
Does not rejectH0
Does not rejectH0

%ALcons 
Setting 1c-1d 
Setting 2c-2d 
Setting 6c-6d 
Setting 7c-7d 

 
1.196 
-1.686 
0.502 
0.506 

 
0.2466 
0.1016 
0.6214 
0.6186 

2.086 
df = 19 
α = 0.05 

 
Does not rejectH0 
Does not rejectH0 
Does not rejectH0
Does not rejectH0
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It showed that doing the measurements with two different heights did not affect the 

speech parameters at 20 receiver positions.  

This result agreed with the parameter mapping of Setting 1 except for C50 (see Fig. 

5.22). Clarity is better for the standing position toward the front of the prayer hall. 

Toward the back, clarity seems to be better for the sitting position. It is possible that the 

measurements for the standing position were affected more by the dome ceiling because 

the elevation was higher. 

RASTI  Set 1c C50 Set 1c %ALcons Set 1c 

RASTI Set 1d C50 Set 1d %ALcons Set 1d 

*Refer to legends in figure 5.17. Additional range for C50:  
Figure 5.22.  Mapping on all parameters for settings 1c and 1d.   

From listening test using three settings, setting 2 was the only setting where all 

listeners were able to distinguish the difference between the speech at positions 1 and 17 

(see Table 5.8). For setting 6, receiver position 1 had 50% of the listener samples that 
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could tell the difference between standing and sitting position, while the other 

comparisons had 83-100% agreement for differences. In all comparisons, the majority of 

the listeners agreed that the speech was better in a seated position, which verified the 

statement regarding the mapping analysis of setting 1 above.  

Table 5.8.  Result on the listening test from 12 listeners. 

Comparison Receiver position Differences (%) Preferred Condition (%) 
Setting 2c-2d 1 100 2c ~ 17 % 2d ~ 83% 
Setting 2c-2d 17 100 2c ~ 25 % 2d ~ 75% 
Setting 6c-6d 1 50 6c ~ 33.33 % 6d ~ 66.67% 
Setting 6c-6d 17 100 6c ~ 17 % 6d ~ 83% 
Setting 7c-7d 17 83 6c~ 60% 6d ~ 40% 

 
 The echograms in Fig. 5.23 suggest that there are only minor differences due to 

different receiver heights. 
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Figure 5.23.  The echograms comparison of different receiver heights at position 17. 

5.8.2 Results for the Receiver Hung and Placed on a Supported Stand 

In this observation, setting 1c and 2c (microphone placed on a stand) were 

compared with setting 3 and 4 (microphone hung from the ceiling) at six different seats.  

 - 100 - 



 Table 5.9.  Paired t-test for all parameters comparing results from the receiver hung and placed on a 
stand. 

Parameter t-statistic p-observed t-critical Conclusion 
Settings 1c-4 (preaching, source facing audience) 

RASTI 
C50
%ALcons

2.697 
2.556 
-2.124 

0.0429 
0.0431 
0.0470 

2.447 
df = 5 
α = 0.05 

Reject H0
Reject H0 
Reject H0

Settings 2c-3 (praying, source facing mihrab) 

RASTI 
C50
%ALcons

1.032 
6.542 
-5.408 

0.3498 
0.0017 
0.0000 

2.447 
df = 5 
α = 0.05 

Does not rejectH0 
Reject H0
Reject H0

 
Results from the statistical analysis (Table 5.9) showed that hanging the receiver from the 

ceiling and placing it on a stand gave significantly different speech parameters. This 

could be concluded only for the 6 seats observed. For subjective ranges of RASTI, all 

receiver positions in both settings were in the same range: good to very good 

intelligibility. They therefore had the similar results. An assumption can be made that the 

1/8” microphone was not omni-directional over the entire frequency range measured. As 

a consequence, changing the microphone’s direction did change the results of the 

measurements. 

Listeners in the listening test (see Table 5.10) felt that hanging the microphone on 

the ceiling created a better speech quality inside the model.  

Table 5.10.  Results of the listening test from 12 listeners comparing setting 2c and 3.  

Comparison Receiver position Differences (%) Preferred Condition (%) 
Setting 2c – 3 1 100 2c ~ 0 % 3 ~ 100 % 
Setting 2c – 3 17 83 2c ~ 40 % 3 ~ 60 % 

 
Interestingly, Figs 5.24 and 5.25 contradict this result by showing that the measured 

%Alcons and the C50 values are better in setting 2c, which is the model with the 

microphone placed on a stand. It should be noticed that the surfaces of the stand were 

large enough for the high-frequencies sound waves to see them as reflecting surfaces.  
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Figure 5.24.  Comparison of C50 in setting 2c to setting 3 for 6 receiver positions. 
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Figure 5.25.  Comparison of %ALcons in setting 2c to setting 3 for 6 receiver positions. 

 
Eventually, the stand was wrapped with velvet lining, which absorbed some of the sound 

energy that hit the surfaces. However, residual scattering created non-uniform sound 

reflection that was picked by the microphone.  

The echograms in Fig. 5.26 show some of the differences produced by the different 

microphone orientations. 
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Figure 5.26.  The echograms comparison of setting 2c to setting 3 for receiver positions 20 and 33. 

5.9 Observation of Differences Due to Miniature Mannequins Surrounding the 

Receiver 

Setting 5 is model 3 with miniature mannequins surrounding the receiver in a 

sitting position. This configuration represented the condition of worshipper inside 

mosques during preaching. Setting 5 was compared to setting 1d on 6 seats (9, 11, 17, 19, 

25 and 27). These seats are underneath the domed ceiling. The paired t-test in Table 5.11 

show that there are no strong evidences that there are differences from measurement with 

and without placing mannequins around the microphone. 

Table 5.11.  Paired t-test for all parameter comparing result from setting 1d with setting 5. 

Parameter t-statistic p-observed t-critical Conclusion 
RASTI 1.790 0.1335 Does not rejectH0
C50 0.499 0.6388 Does not rejectH0
%ALcons -2.720 0.0418 

2.447 
df = 5 
α = 0.05 Reject H0
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Using the echograms comparison (Fig. 5.27), it is shown that there are differences 

in the energy received by the receiver due to presence of the mannequins. 
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Figure 5.27.  The echograms comparison of setting 1d to setting 5 for receiver positions 17 and 25. 

5.10 Observation of Differences Due to Floor Material 

A final observation (setting 9) was used and compared with setting 7 to assess the impact 

of floor material. In the real world, carpet has a significant role in the room absorption 

and is commonly used to control room reverberation. Measurements were done only at 6 

positions. Section 5.7 also provided evidence that without carpeting the parameters are 

significantly different for measurements with different source orientation.  

Result from the statistical analysis (Table 5.12) and the listening test (Table 5.13) 

both show that measurements with and without carpet do create differences in the 

parameter values. 
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Table 5.12.  Comparison of setting 9c (praying, standing without carpet) to setting 7c (praying, 
standing with carpet). 

 
Parameter t-statistic p-observed t-critical Conclusion 

RASTI 3.777 0.0129 Reject H0
C50 4.996 0.0001 Reject H0
%ALcons -5.231 0.0000 

2.447 
df = 5 
α = 0.05 Reject H0

 

Table 5.13.  Result on the listening test from 12 listeners comparing settings 7c and 9c.  

Comparison Receiver position Differences (%) Preferred Condition (%) 
Setting 7c-9c 1 83 7c ~ 60 % 9c ~ 40 % 
Setting 7c-9c 17 100 7c ~ 100 % 9c ~ 0 % 

 

The echograms (Fig. 5.28) also show some differences resulting from the carpeting.  
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Figure 5.28.  The echograms comparison of setting 7c to setting 9c for receiver positions 1 and 17. 

The intelligibility scores at six seats observed in Setting 7c, which is with carpet 

lining, showed that the carpet produced better intelligibility (see Figs 5.29 through 5.31). 
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Figure 5.29.  RASTI for setting 7c and setting 9c. 
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Figure 5.30.  C50 for setting 7c and setting 9c. 
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Figure 5.31.  %ALcons for setting 7c and setting 9c. 
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CHAPTER 6  

CONCLUSION 
 

This research project involved the acoustical modeling and evaluation of a room 

with a domed ceiling structure, with special application to the Darussholah mosque in 

Jember (East Java), Indonesia. It was approached using analytical, numerical, and 

experimental (scale modelling) methods.  Since each method had its own scope and set of 

limitations, some conclusions could not be derived simultaneously from all three 

methods. Comparisons using results from computer models and physical scale models 

were not complete; neither one alone could be used as an ideal approach to the problem.  

The conclusions presented here thus result from one or more of the methods and 

correspond to the chief points of emphasis in this research. 

The central analyses corresponded to acoustical differences in the mosque due to 

variations in the ceiling structure. Observations of different shapes of domes were only 

made using computer modeling and an analytical approach. Different shapes of domes 

and ring structure configurations beneath the domes did not create significant differences 

in the speech quality inside the prayer hall of the mosque. This was likely due to the 

small geometrical proportion of the dome relative to the larger coupled rectangular room 

below it. Several physical conditions of a dome should be considered to determine 

whether it would produce significant effects in the coupled room. 

In the case where the dome diameter is kept the same as the dome in the actual 

mosque (12.3 m), the chief geometrical variation is associated with the height of the 

dome. The higher the domed ceiling is from the prayer hall, the less the sound intensity 
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from reflections of the dome will cover the prayer hall. Some degree of reflected sound 

intensity might be needed to provide sufficient acoustical support in the hall.  

Little in the way of focusing effects was observed in the modeled prayer hall, even 

underneath the dome. This was apparently because the base of the dome was high enough 

that the focusing actually occurred at points higher than the heights of the receivers 

(listener ears both in seated and standing positions). Accordingly, it did not affect speech 

quality appreciably. The research suggested that the greater the height of the receiver, the 

greater the effect the domed ceiling would produce. Prayer in mosques combines several 

movements and positions by participants. However, in this research, all positions were 

low enough in height that they were not strongly affected by the presence of the domed 

ceilings. In reality, worshipper activities are not only standing and sitting. However, it 

can still be concluded from the results of this work that speech clarity and intelligibility 

will generally be the same for all worshipper positions. 

Source (Imam) orientation had significant impact on the results from the scale 

model. (Parameter mappings produced by the computer models did not show such 

significant differences.)  It was apparent that for preaching, the speech quality was better 

because the source was facing the audience. Several conclusions can be reached, relative 

to this matter. First, while the mihrab did appear to play an important acoustical role in 

the mosque, there was a limitation of having reflected sounds coming toward the receiver 

when the source is facing the mihrab instead of the audience.  In this case, the distance 

for the sound to travel is longer and the direct-to-reverberant sound ratio was smaller.  

The mihrab also created a nonuniformity of sound reflections in the hall. 
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Absorptive materials were found to be very important factors for producing good 

speech intelligibility inside the room. Applying BASWAphonTM for the dome material in 

the computer models did affect the results significantly. Carpeting in the scale model also 

produced notable changes. In both cases, these absorptive materials produced better 

speech intelligibility.  In a mosque, particularly with a domed ceiling, it is important to 

consider the dome material and other absorptive materials that might be inserted in the 

prayer hall. 

A geometrical representation of a hemispherical dome was made by a series of flat 

plane surfaces in the computer models. The disadvantage of this approach was that the 

model might fail to produce accurate results from the simulations due to an insufficient 

number of planes. In this research it was shown that after a certain number, the larger the 

number of planes demanded longer computation time, but without producing a significant 

benefit. Meanwhile, in the scale modeling technique, the spherical dome had a smooth 

concave surface, which more closely represented the dome in the actual mosque. 

Measurement positions underneath the dome in the scale model may therefore have 

produced better results than in the computer model. 

The results of the speech parameters and auralization listening test produced by 

both, the computer and scale modeling measurements provide a general prediction that 

the speech intelligibility and clarity inside the actual mosque would be good toward the 

front hall and beneath the dome. The presence of the dome does not significantly create 

speech intelligibility problems. Poor intelligibility would happen toward the back of the 

hall due to insufficient sound energy.  

 - 109 -



Additional points related to this research should be investigated in the future. The 

geometrical proportion of a domed ceiling relative to the room coupled to it should be a 

primary consideration in the room design process. For any room under consideration, this 

should be studied carefully in order to predict the impact of the dome on the acoustics of 

the room. The mihrab could be claimed to be a very important element inside the 

mosque, since in prayers it is the first boundary encountered by the strong direct sound 

and it becomes something of a sound projector. Therefore, further investigation and 

exploration of this element is needed, particularly a study of the materials used in its 

construction, its geometrical properties, and its acoustical relationship to the Qibla’ wall.  

An approach that involves both computer modeling and scale modeling should be 

available in such a study. Algorithms designed to measure impulse responses and 

calculate acoustical parameters need to be compared and verified between numerical and 

experimental research methods. However, in order for this verification to take place, 

computer modeling packages need to become more transparent and detailed in their 

description of coded algorithms.   

In order to specifically study the effects of different domed ceiling configurations 

on the acoustical performances in rooms, larger variations of models are needed. The 

domed ceiling configurations should involve significantly different shapes, heights, and 

diameters. In this research, these parameters were only explored to an extent.  Different 

dome diameters were not addressed at all. Computer modeling techniques might be the 

most appropriate approach to conduct this kind of study. 

Source positions in this research were based on practical mosque functions. As a 

result, a detailed study of focusing effects was not carried out. A detailed study of the 
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focusing effect created by the domed ceiling could be performed by placing the source 

underneath the dome during the measurements and changing the source and receiver 

elevations. 
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APPENDIX A 

 

All the MATLAB® codes in Appendix-A were used to generate the impulse 

responses and calculated the speech parameters (C50, % Alcons, and RASTI). 

 

1. Function to Compute Batch Files of the Wave Files 

function X=Namer(ON,NS,NF) 
  
%   This function accept the name you want to use and automatically produces 
%   an array that contains the name with a number incremented for use in 
%   making names for variables in other prgrams.  Written by Ryan Chester, October, 2004) 
Explanation: 
% 
%           X=Namer(ON,NS,NF)    
% 
%   ON is the overal name used in the naming process, NS is the first number 
%   and NF is the last number of names to have a numerical ending added to  
%   the name of the file.  Both are required imputs and would be entered like  
%   this: 
%        
%       X=Namer('name',3,45); 
% 
%   to get an aray of names name003 to name045 stored in the aray X  
% 
%   NOTE: the bigest number this program works for is 999.  Feel free to 
%   alter it to make it bigger, the code is pretty simple.  
m=1; 
for n=NS:NF 
    if n<10 
        X(m,:)=[ON '00' int2str(n)]; 
    elseif n<100 
        X(m,:)=[ON '0' int2str(n)]; 
    elseif n<1000 
        X(m,:)=[ON int2str(n)]; 
    end 
    m=m+1; 
end 
 
2. Impulse Response Scaling 

% This code is to scale the sampling frequency of the impulse responses from the scale model 
measurements to the actual building measurement (1:12 scale model). 
% written Jan 12, 2005. 
clear;  close all; 
dir=input('Enter The directory where the data can be found\n ’); 
namfile=input('Enter the name of file\n         '); 
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q=input('Enter the first number you want for the names\n          '); 
n=input('Enter the last number you want for the names\n          '); 
namfolder=Namer([namfile],q,n); 
namwav=input('Enter the name you would like your new wave file to have\n          '); 
namwavF=Namer(namwav,q,n); 
mkdir('Scaled\') 
for  m=q:n 

[A,FS,NBITS]=wavread([dir namfile int2str(m) '.wav']); 
figure 
B=0:1/FS:length(A)/FS; 
plot(B(1:length(A)),A,'-r') 
FS=FS/12;  
NBITS=16 
figure 
C=0:1/FS:length(A)/FS; 
plot(C(1:length(A)),A,'b-') 
wavwrite(A,FS,NBITS,['Scaled\' namwavF(m,:) '.wav']) 

end 
 
3. Octave Band Filter and Air Absorption Compensation 
 
This code is to filter the whole impulse responses into five octave bands of interest 
(250Hz, 500Hz, 1000Hz, 2000Hz, and 4000Hz octave bands). After they were filtered, 
applying the air absorption compensation for impulse responses in each octave bands 
modified the impulse responses.  
 
function [B,A] = octdsgn(Fc,Fs,N); %found in the internet January, 2005. 
% OCTDSGN  Design of an octave filter. 
%    [B,A] = OCTDSGN(Fc,Fs,N) designs a digital octave filter with  
%    center frequency Fc for sampling frequency Fs.  
%    The filter are designed according to the Order-N specification  
%    of the ANSI S1.1-1986 standard. Default value for N is 3.  
%    Warning: for meaningful design results, center values used 
%    should preferably be in range Fs/200 < Fc < Fs/5. 
%    Usage of the filter: Y = FILTER(B,A,X).  
% Author: Christophe Couvreur, Faculte Polytechnique de Mons (Belgium) 
%         couvreur@thor.fpms.ac.be 
% Last modification: Aug. 22, 1997, 9:00pm. 
% References:  
%    [1] ANSI S1.1-1986 (ASA 65-1986): Specifications for 
%        Octave-Band and Fractional-Octave-Band Analog and 
%        Digital Filters, 1993. 
  
if (nargin > 3) | (nargin < 2) 
  error('Invalide number of arguments.'); 
end 
if (nargin == 2) 
  N = 3;  
end 
if (Fc > 0.70*(Fs/2)) 
  error('Design not possible. Check frequencies.'); 
end 
pi = 3.14159265358979; 
beta = pi/2/N/sin(pi/2/N);  
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alpha = (1+sqrt(1+8*beta^2))/4/beta; 
W1 = Fc/(Fs/2)*sqrt(1/2)/alpha;  
W2 = Fc/(Fs/2)*sqrt(2)*alpha; 
[B,A] = butter(N,[W1,W2]);  
 
clear; close all; 
%This is the same code as filteroctdsgn, only it is using the scaled impulse 
%responses.  Author : Sentagi S. Utami, Jan 26,2005. 
%last modified February 3, 2005. 
dir=input('Enter the directory where the data can be found\n'); 
namfold=input('Enter the name of the old wave file without the numbers that distinguish them\n'); 
q=input('Enter the first number you want for the names\n'); 
n=input('Enter the last number you want for the names\n'); 
namwaver=Namer([namfold],q,n); 
namwave=input ('Enter the filename for the filtered wave file\n   '); 
namwaver1=Namer([namwave],q,n); 
fprintf('Working, Lets just see how fast this goes\n'); 
mkdir ('filtercomp\'); 
  
% the air absorption compensation (see Pages 86-90) in this code was applied only for 500Hz, 
1000Hz, and 2000Hz octave bands.   
To=293.1;  
TairC=[To,27+To];  %Temperature while running the measurement in the scale model 
RH=[30,48];  % RH = Relative Humidity  
IFreq=[500,1000,2000,6000,12000,24000]; 
airab5=air(RH(2),TairC(2),IFreq(4)); 
airab1=air(RH(2),TairC(2),IFreq(5)); 
airab2=air(RH(2),TairC(2),IFreq(6)); 
airref5=air(RH(1),TairC(1),IFreq(1)); 
airref1=air(RH(1),TairC(1),IFreq(2)); 
airref2=air(RH(1),TairC(1),IFreq(3)); 
cm=343.2*sqrt(TairC(2)/To); 
cref=343.2; 
comp5=airab5*cm-12*airref5*cref; 
comp1=airab1*cm-12*airref1*cref; 
comp2=airab2*cm-12*airref2*cref; 
x=[2.51,13.31,17.92,24.11,26.93,12.26,4.72,8.38,14.26,11.11,8.69,7.71,15.53,13.9,22.4,20.53,19
.33,18.91,25.4,24.44]; % distance of the receivers to the source 
for m=q:n 
    [data,FS,NBITS]=wavread([dir namwaver(m,:) '.wav']); 
    compensate5=12^(comp5*(x(m)/cm)/20); 
    compensate1=12^(comp1*(x(m)/cm)/20);     
    compensate2=12^(comp2*(x(m)/cm)/20);  
    [B250,A250]=octdsgn(250,FS); 
    [B500,A500]=octdsgn(500,FS);            
    [B1000,A1000]=octdsgn(1000,FS);                 
    [B2000,A2000]=octdsgn(2000,FS); 
    [B4000,A4000]=octdsgn(4000,FS);         
%   for 250Hz octave band   
    wavdata=filter(B250,A250,data);   
    wavwrite(wavdata,FS,NBITS,['filtercomp\' namwaver1(m,:) '_250Hz' '.wav']); 
%   for 500Hz octave band   
    wavdata=filter(B500,A500,data); 
    wavdata=wavdata*compensate5; 
    wavwrite(wavdata,FS,NBITS,['filtercomp\' namwaver1(m,:) '_500Hz' '.wav']); 
%   for 1000Hz octave band   
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    wavdata=filter(B1000,A1000,data);   
    wavdata=wavdata*compensate1; 
    wavwrite(wavdata,FS,NBITS,['filtercomp\' namwaver1(m,:) '_1000Hz' '.wav']); 
%   for 2000Hz octave band       
    wavdata=filter(B2000,A2000,data); 
    wavdata=wavdata*compensate2; 
    wavwrite(wavdata,FS,NBITS,['filtercomp\' namwaver1(m,:) '_2000Hz' '.wav']); 
%   for 4000Hz octave band   
    wavdata=filter(B4000,A4000,data); 
    wavwrite(wavdata,FS,NBITS,['filtercomp\' namwaver1(m,:) '_4000Hz' '.wav']); 
     
end 
 
4. Impulse Response with Air Absorption Compensation 
 
For auralization in the listening test, a new impulse responses was used, which covered 
five octave bands of interest as mentioned above.  
  
clear; close all; 
%The wave files were accessed using the same batch code as above. The wave files used in the 
%code below were already compensated due to the air absorption. Author : Sentagi S. Utami, 
%written : February 10, 2005. 
  
for m=q:n 
    [wavdata25,FS,NBITS]=wavread([dir namwaver(m-q+1,:) '_250Hz' '.wav']); 
    [wavdata5,FS,NBITS]=wavread([dir namwaver(m-q+1,:) '_500Hz' '.wav']);    
    [wavdata1,FS,NBITS]=wavread([dir namwaver(m-q+1,:) '_1000Hz' '.wav']);     
    [wavdata2,FS,NBITS]=wavread([dir namwaver(m-q+1,:) '_2000Hz' '.wav']);     
    [wavdata4,FS,NBITS]=wavread([dir namwaver(m-q+1,:) '_4000Hz' '.wav']);        
    wavdataall=wavdata25+wavdata5+wavdata1+wavdata2+wavdata4; 
  
    figure 
    B=0:1/FS:length(wavdataall)/FS; 
    plot(B(1:length(wavdataall)),wavdataall,'-r')  
    wavwrite(wavdataall,FS,NBITS,['newimpulse\' namwaver(m-q+1,:) '.wav']); 
end 
 
5. Calculation for C50, % Alcons, and RASTI 
 
% The wave files have already gone through a certain process in order to meet the needs. 
function C_50=C50(wavdata,time) 
num=0;      %num is numerator 
denom=0;    %denom is denominator 
for b=1:length(wavdata) 
    if time(b)<=.05 
       num=num+(wavdata(b))^2;   
   end 
   if time(b)>=.05 
        denom=denom+(wavdata(b))^2; 
   end 
end 
C_50=10*log10(num/denom); 
 
clear;  close all; 
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% this is a batch code to plot the wavfile and calculate C50 at 1000Hz 
% octave bands for a whole set measurement 
global FS 
dir=input('Enter the directory where the data can be found\n         '); 
namwave=input('Enter the name of file\n         '); 
q=input('Enter the first number you want for the names\n          '); 
n=input('Enter the last number you want for the names\n          '); 
namwaver=Namer([namwave],q,n); 
fprintf('Sit back and wait, this could take a while\n'); 
for    m=q:n      
    [wavdata1,FS,NBITS]=wavread([dir namwaver(m-q+1,:) '_1000Hz' '.wav']); 
%     B=0:1/FS:length(wavdata1)/FS; 
%     figure 
%     plot(B(1:length(wavdata1)),wavdata1,'--b') 
     
    time=(0:(length(wavdata1)-1))/FS; 
    b=1:length(wavdata1); 
    C_50(m)=C50(wavdata1,time(b)); 
    all=sprintf('C50=%.3g\n',C_50(m)); 
    fprintf(all); 
end 
 
clear;  close all; 
% this is a batch code to calculate %Alcons at 1000Hz and RASTI 
% octave bands for a whole set measurement 
global FS 
dir=input('Enter the directory where the data can be found\n          '); 
namwave=input('Enter the name of file\n         '); 
q=input('Enter the first number you want for the names\n          '); 
n=input('Enter the last number you want for the names\n          '); 
namwaver=Namer([namwave],q,n); 
fprintf('Sit back and wait, this could take a while\n'); 
x=[2.51,13.31,17.92,24.11,26.93,12.26,4.72,8.38,14.26,11.11,8.69,7.71,15.53,13.9,22.4,20.53,19
.33,18.91,25.4,24.44]; 
V=[6486.06, 6485.69, 6688.73]; 
for    m=q:n      
    [wavdata1,FS,NBITS]=wavread([dir namwaver(m-q+1,:) '_1000Hz' '.wav']); 
    RT601000=RT60calc(wavdata1);  
    alcons=200*(x(m))^2*(RT601000/1000)^2/V(2);    
    all=sprintf('alcons=%.3g\n',alcons); 
    fprintf(all); 
end 
 
Function for Reverberation Time  
 
function T30=RT60calc(data) 
  
%Code for calculating RT60 using Schroeder integration 
%Impulse responses are .wav files 
%after many tries...finished July 21, 2004, by Sarah Rollins 
%plot of integrated impulse response checked against 
%plot from 't60.m', found on the Matlab website, by Micah Shepherd 
%written by Christopher Brown, cbrown@phi.luc.edu 
%modified as a function in the RASTI Jan 26, 2005. 
global FS 
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for n=1:length(data) 
    if data(n) == 0 
        data(n)=.0000001; %avoid 'log of zero' warning 
    end     
end 
dt=1/FS/1000; %delta t in ms 
endtime=length(data); 
data=data(1:endtime); 
impdata=data.^2; 
tms=(1:endtime)/16; 
schrint(endtime:-1:1)=cumsum(impdata(endtime:-1:1)); 
pschr=10*log10(schrint./max(abs(schrint)));%+.9*max(plsqimp); 
last4th=round(.5*length(pschr)); 
dh=15; 
%Determine an approximation for the end of the linear part of the Schroeder curve 
for h=last4th:dh:length(pschr) 
    temp(h)=abs(pschr(h)-pschr(h-dh)); 
    if temp(h) > abs(pschr(last4th)-(pschr(last4th-dh)))+.03 
        ends=h; 
        break; 
    else 
        ends=length(pschr); 
    end 
end 
%Calculate the T60 from Schroeder curve between 5 dB down and 35 dB down 
%unless the decay range is too small, then use 5 dB down to 25 dB down 
%**REF: ISO 3382:1997(E), pp 9,14** 
dBdown5=max(pschr)-5;  
dBdown35=max(pschr)-35; 
dBdown25=max(pschr)-25; 
if pschr(ends)>dBdown35 
    dBdown=dBdown25; 
else 
    dBdown=dBdown35; 
end 
%Find the 5 dB down point 
for k=1:length(pschr)/10     
    if pschr(k)==dBdown5 
        fivedB=k;  
        break; 
    else 
        dif5(k)=abs(pschr(k)-dBdown5);         
    end 
end 
%Find the 35 or 25 dB down point 
n=1; 
dift5=10*ones(1,length(pschr)); 
% for m=1:length(pschr) 
for m=round(.5*length(pschr)):length(pschr); 
    if pschr(m)==dBdown 
        tfivedB=m; 
        break; 
    else 
        dift5(m)=abs(pschr(m)-dBdown);  
    end 
    n=n+1; 
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end 
fivedB=find(dif5==min(dif5)); 
tfivedB=max(find(dift5==min(dift5))); 
%Calculate T60 from Schroeder integration curve 
%Find a and b for the least squares regression line 
x=tms(fivedB:tfivedB);%(2400:4800); 
y=pschr(fivedB:tfivedB);%(2400:4800); 
% x=1:20; 
% y=20:-1:1; 
N=length(x);%different N from index 'n' above 
a=(mean(y)*sum(x.^2)-mean(x)*sum(x.*y))/(sum(x.^2)-N*mean(x)^2); 
b=(sum(x.*y)-N*mean(x)*mean(y))/(sum(x.^2)-N*mean(x)^2); 
regline=a+b*x; 
T30=(max(pschr)-60-a)/b; 
 
Function for RASTI 
 
function RASTI=RASTI2(RT60500,RT602000) 
  
RT60500=RT60500/1000; 
RT602000=RT602000/1000; 
%code to compute the Rapid Speech Transmission Index (RASTI) 
%from measured impulse responses in 2 octave bands, 500-Hz octave band, and 
%2000-Hz octave band. 
%Using equations from Houtgast '85(p1072) and Schroeder '81(p179-180) 
  
omega1=2*pi*[ 1.0, 2.0, 4.0, 8.0 ]; 
%modulation freq for the 500-Hz octave band  
omega2=2*pi*[ 0.7, 1.4, 2.8, 5.6, 11.2 ]; 
%modulation freq for the 2000-Hz octave band 
S=input('Enter value for the signal output\n    '); 
N=input('Enter value for ambient noise level modeled\n      '); 
for k=1:4 
    mtf5=(1/sqrt(1+(omega1(k)*RT60500/13.8).^2))*(1/(1+10^((-S/N)/10))); 
    SNapp5(k)=10*log10(mtf5/(1-mtf5)); 
    if SNapp5(k) > 15 
        SNapp5(k)=15; 
    elseif SNapp5(k) < -15 
        SNapp5(k)=-15; 
    end 
end 
for j=1:5 
    mtf2=(1/sqrt(1+(omega2(k)*RT602000/13.8)^2))*(1/(1+10^((-S/N)/10))); 
    SNapp2(j)=10*log10(mtf2/(1-mtf2)); 
    if SNapp2(j) > 15 
        SNapp2(j)=15; 
    elseif SNapp2(j) < -15 
        SNapp2(j)=-15; 
    end 
end 
SNappmean=mean([SNapp5,SNapp2]) 
%Step 5: Conversion to STI 
RASTI=(SNappmean+15)/30; 
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APPENDIX B 

 
Questionnaire for Auralization Test in the Scale Model  

 
Please listen to different male voices as pointed in each question in order to give the 
answer. Choose an appropriate answer (based on what you hear). 
 
1. Please listen to male voice 1a and 1b, and compare these voices. 

Do you hear any difference between these voices?   □ Yes  □ No  
If yes, which one do you think sounds better?  □ 1a  □ 1b 
 

2. Please listen to male voice 2a and 2b, and compare these voices. 
Do you hear any difference between these voices?  □ Yes  □ No  
If yes, which one do you think sounds better?  □ 2a  □ 2b  
 

3. Please listen to male voice 3a and 3b, and compare these voices. 
Do you hear any difference between these voices?  □ Yes  □ No  
If yes, which one do you think sounds better?  □ 3a  □ 3b  
 

4. Please listen to male voice 4a and 4b, and compare these voices. 
Do you hear any difference between these voices? □ Yes  □ No 
If yes, which one do you think sounds better?  □ 4a  □ 4b  
 

5. Please listen to male voice 6a and 6b, and compare these voices. 
Do you hear any difference between these voices? □ Yes  □ No 
If yes, which one do you think sounds better?  □ 6a  □ 6b  
 

6. Please listen to male voice 1a, 3a and 5, and compare these voices. 
Do you hear any difference between these voices? □ Yes  □ No 
If yes, which one do you think has the best intelligibility? 
o 1a 
o 3a 
o 5 
 

7. Please listen to male voice 2a, 4a and 6a, compare these voices. 
Do you hear any difference between these voices? □ Yes  □ No 
If yes, which one do you think has the best intelligibility? 
o 2a 
o 4a 
o 6a 
 

8. Please listen to male voice 1a and 7, compare these voices. 
Do you hear any difference between these voices? □ Yes  □ No 
If yes, which one do you think sounds better?  □ 1a  □ 7 
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9. Please listen to male voice 2a and 8, compare these voices. 
Do you hear any difference between these voices? □ Yes  □ No 
If yes, which one do you think sounds better?  □ 2a  □ 8 
 

10. Please listen to male voice 5 and 9, compare these voices. 
Do you hear any difference between these voices? □ Yes  □ No 
If yes, which one do you think sounds better?  □ 5  □ 9 
 

11. Please listen to male voice 6a and 10, compare these voices. 
Do you hear any difference between these voices? □ Yes  □ No 
If yes, which one do you think sounds better?  □ 6a  □ 10 
 

12. Please listen to male voice 1a and 11, compare these voices. 
Do you hear any difference between these voices? □ Yes  □ No 
If yes, which one do you think sounds better?  □ 1a  □ 11 
 

13. Please listen to male voice 2a and 12, compare these voices. 
Do you hear any difference between these voices? □ Yes  □ No 
If yes, which one do you think sounds better?  □ 2a  □ 12 
 

 
Thankyou!!! 
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