






Abstract 

 The study of noise reduction in long enclosures, such as tunnels, underground 

stations and long corridors, begins with the examination of sound characteristics in 

these spaces. In the first part of my study, the ‘coherent’ model, or the complex image 

model, is extended to predict the reverberation time (RT30 and EDT) and the speech 

transmission index (STI) in a long enclosure. The approach is different from previous 

energy-based methods. The interference effects between the direct and reflected 

waves are included, and the coherent model takes into account the phase information 

of the sound waves. The sound field is computed in the frequency domain, and the 

impulse response is generated by applying the inverse Fourier transform. Subsequent 

calculations are performed on the impulse response to deduce the reverberation time 

and STI accordingly. The numerical model is validated by comparing the predictions 

with measured data. 

 The numerical model is modified to consider the existence of impedance 

discontinuity on the boundary surfaces in the second part of the thesis. A single 

change of impedance in a two-dimensional duct is focused as the fundamental study 

of the problem. The diffraction effect at the impedance discontinuity is proved to be 

insignificant, and it is ignored in the formulation. With the assumption that the 

diffraction effect is not important, investigation is moved on to a rectangular long 

enclosure. A set of equations are developed on the basis of the coherent model to 

predict the noise reduction and acoustic indices (EDT and STI) in a long enclosure 

with impedance discontinuities. Experiments are conducted in two scale models, and 

the predictions are in excellent agreement with the data collected. 

 Finally, the verified coherent model is used as a tool to investigate the optimal 

positioning of sound absorption material in a long enclosure. Several cases in an 

 i



imaginary long enclosure are presented as examples to show how to determine the 

location with the numerical model. It is perhaps not surprising to find that an increase 

in the amount of absorption material does not always result in a remarkably higher 

degree of noise reduction. Moreover, when the absorption material is meant to be 

installed on two surfaces, perpendicular boundaries are preferred to parallel planes. 

The prediction scheme can be used to evaluate the optimal arrangement of sound 

absorption material. It facilitates the goals of noise reduction and improvement of 

speech intelligibility in a long enclosure. 
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Chapter 1 

Introduction 

1.1 Background of research 

The main objectives of this study are the prediction and reduction of noise in long 

enclosures. An enclosure is identified as ‘long’ when one dimension is much greater 

than the other two, while the two are still relatively large compared to the acoustical 

wavelength of interest. The ideal model of a long enclosure has an infinite length, 

which means there is no reflection of sound waves from the end walls. Examples of 

long enclosures are underground train stations, tunnels, subways, corridors and trains. 

A street canyon can also be regarded as a long enclosure with an anechoic ceiling. 

Different types of acoustic problems exist in long enclosures in urban areas. 

 A tunnel for the passing of vehicles is an example of a long enclosure in the 

large scale. There is a problem that the emergency announcements being broadcasted 

in a tunnel can be misinterpreted by drivers. Both the drivers and passengers are 

insulated by the vehicle. The concrete walls of many road tunnels are good reflectors 

of sound: the message from the loudspeakers will be echoed through the tunnel, 

making the announcements from the loud speakers unrecognizable. Furthermore, 

when the vehicles are moving, the noise produced will be enhanced by the tunnel 

surfaces. The speech intelligibility will be even worse.  

 The broadcast of public announcements in an underground train station faces a 

similar problem. The sound level of the loud speakers must be high enough so that the 
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announcements can be perceived in spite of the train noise. However, too loud a 

volume will bring discomfort to the passengers. It is necessary to optimize the volume 

of the speakers. Another example of a long enclosure is the corridor in a building. It 

can be the corridor in an office building, which demands quietness, or even masking; 

it can also be an exhibition corridor in an art gallery, in which background music is 

required. On the other hand, the attenuation of dissipative duct silencers is an acoustic 

problem of long enclosures in the small scale. 

 The abatement of noise in a long enclosure serves not only for mere comfort 

or hearing protection, but also an enhancement in speech intelligibility. Before any 

design or installation of acoustic treatment for noise reduction in a long enclosure, the 

investigation of the properties of sound propagation is essential. The characteristics 

of sound such as propagation and reverberation in a long enclosure are different 

from those in a rectangular room. Kang [1] has pointed out that the sound field in 

a long enclosure is not diffuse, and hence the classic theory of room acoustics is 

not applicable. In the first part of this study, a theoretical model has been developed 

for the prediction of acoustic indices in a long enclosure. It is then extended to 

account for the case of inhomogeneous boundaries. Finally the efficiency of the 

arrangement of absorption materials in a long enclosure will be studied.  

 

1.2 Literature review 

1.2.1 Sound propagation in a long enclosure 

The investigation of sound propagation in long enclosures dated back to the 

1960’s, when Yamamoto [2] developed a formula based on the image source 

method to predict the sound distribution in a corridor. In the 1970’s, Davies [3] 

presented an estimation of the attenuation of high-frequency noise in corridors 
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with a similar approach. However, these formulations did not consider the 

interference effects due to the multiple reflections from the four boundary walls. 

The models were limited to high frequency sound propagation and to either very 

high or very low absorption coefficient of the boundaries. 

 In the late 1970’s, Sergeev [4] derived a series of formulae based on the 

image source method for the sound energy density of an incoherent point source in 

city streets and long tunnels. The absorption of sound in air was considered, and 

the reflection coefficient was angle-dependent. However, no measurement result 

was presented to support this model. In the 1980’s, Redmore [5] developed the 

acoustic ray theory to predict the relative sound levels along a corridor or in 

adjacent rooms caused by a sound source in the corridor. The formulation gave 

satisfactory prediction for corridors with relatively hard boundaries, but it 

overestimated the sound levels when the boundaries were more absorbent and the 

source and receiver were farther apart.  

 In 1996, Kang analysed the unsuitability of classic theory in long 

enclosures [1]. It was concluded that the sound field in long enclosures, whether 

with geometrically or diffusely reflective boundaries, was not diffuse as assumed 

in the classic theory. Meanwhile, he presented a formulation for the prediction of 

sound pressure level in rectangular long enclosures with geometrically reflecting 

boundaries [6] based the image source method. The steady-state sound pressure 

level is given by 

 ref
t

tSPL
d SPLSPL d −= ∑

∆

10/)(10log10              (1.1) 

and  ( )∑ ∑
∞

−∞=

+
∞

−∞=

−








−=

m

nm

nmn

ad
d d

KetSPL nm α1log10)( 2
,

,            (1.2) 

                                                                                                                                       3



         

where dm,n is the path length from the image source (m,n) to the receiver, K is a 

constant relating to the sound power of the source, α is the absorption coefficient 

of the boundaries, a is the air absorption coefficient, and SPLref  is the reference 

sound pressure level. Eqs. (1.1) and (1.2) were also employed to predict the 

reverberation time in long enclosures, which will be discussed in the next section. 

This prediction model is referred to as the ‘incoherent’ model in this report, since 

an incoherent summation of the intensities of image sources is involved. 

 Yang and Shield [7] developed a computer model based on the ray-tracing 

technique, for the investigation of sound field in a long enclosure. The model was 

also based on the summation of sound intensities from the direct source and its 

reflected rays. The predictions were compared with the experimental results in a 

later publication [ 8 ]. Significant discrepancies, especially at low frequency, 

between the predicted and measured noise levels were reported, because the 

interference effects were not included in their models. Moreover, the surface 

absorption was assumed as angle independent, which was not the case in practice. 

 Picaut et al. [9] used a diffusion equation to predict the sound propagation 

in long enclosures with diffusely reflecting boundaries. Kang developed another 

model for the prediction of acoustic indices in rectangular enclosures with 

diffusely reflecting boundaries using the technique of radiosity [ 10 ]. The 

Prediction Model 1998 for Road Traffic Noise by the Acoustical Society of Japan 

[11] for the prediction of noise radiated from a tunnel opening was adopted by 

Kobayashi et al. [12] to predict the noise propagation in a road tunnel.  

 The interference effects of the direct and reflected sound waves and the 

change of phase on reflection were ignored in all the numerical models mentioned 

above. Dance et al. [13] pointed out the importance of interference effects in an 
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enclosed space. They developed an interference model for calculating the total 

sound fields in an industrial space. However, the change of phase on reflection 

was ignored in their predictions. Zeng et al. [ 14 ] also included the phase 

information in their numerical model, but it was limited to enclosures with 

perfectly hard boundaries. 

 Gensane and Santon [15] proposed the use of a complex image-source method 

to evaluate the sound field of bounded spaces. Lemire and Nicolas [16] further 

improved the method to simulate spherical sound-wave propagation in enclosures. In 

the light of these previous works, Li and Iu presented a ‘coherent’ model, or the 

complex image source model, for the prediction of sound propagation in street 

canyons [17] and tunnels [18]. The model was based on an analytic Green’s function, 

which allowed a variation of the reflection factors with the angle of incidence. The 

total sound pressure was obtained by summing up the contribution from each image 

source. The mutual interference effects of the direct and reflected sound waves were 

considered. It was shown that the coherent model [ 19 ] gave a more accurate 

prediction than the incoherent model. Unlike Li and Iu’s model, the plane wave 

reflection coefficient was used instead of the spherical wave reflection coefficient in 

Suh and Nelson’s model [20]. They pointed out that their formulation could give a 

good approximation, except for the prediction of sound fields of near grazing 

incidence. When the propagation distance increases, it becomes more and more likely 

the propagation of near-grazing waves in long enclosures. Consequently, the spherical 

wave reflection coefficient is preferred to the plane wave reflection coefficient.  
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1.2.2 Reverberation and speech intelligibility in long enclosures 

Among various acoustic indices used in room acoustics, reverberation time plays an 

important role in the design of a room for speech or music, while the speech 

transmission index has been widely accepted as an indicator of speech intelligibility. 

The reverberation time is inversely proportional to speech intelligibility. In other 

words, a higher reverberation time means a longer period of time for the reverberation 

to settle, making the consecutive words in a speech unrecognizable. These two 

parameters (Reverberation Time and STI) are crucial, for example, in the design of 

public address systems in long enclosures like underground stations and building 

corridors.  

 

1.2.2.1 Reverberation time 

A number of classic formulae have been derived for the prediction of 

reverberation time in rectangular enclosures [21,22,23]. These formulae assume 

that the sound field in a room is diffuse, and the reverberation time is a single 

value. However, this assumption does not hold in a long enclosure, as pointed out 

by Kang [1]. 

 The investigation of reverberation in long enclosures started with the study 

of reverberation in street canyons in the 1970’s by Schröder [24], Kuttruff [25], 

and Steenackers et al. [26]. It was noticed that the decay curves were not straight. 

Hirata [ 27 ] and Barnett [ 28 ] deduced approximate theoretical formulae for 

calculating the reverberation time in rectangular tunnels and tube stations 

respectively, but the variation in reverberation along the length was not taken into 

account. 
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 Kang [6] derived a numerical model based on the image source method to 

predict the reverberation time in rectangular long enclosures with geometrically 

reflecting boundaries. The reverberation time was obtained from the reverse-time 

integration of Eq. (1.2). The directivity of source and the effect of end walls were 

also considered. Again this was referred to as the ‘incoherent’ model, because it 

was based an energy approach. Along with the prediction of sound propagation in 

long enclosures, the calculation of reverberation time was also given in the 

theoretical models [7, 8, 9, 10] mentioned in the previous section. Similar to the 

‘incoherent’ model, they were energy-based and the phase information was 

ignored. Suh and Nelson [20] agreed that when the phase information of the waves 

was included, the model gave a more accurate prediction. António et al. [29] and 

Dance et al. [13] also highlighted the importance of interference effects in an enclosed 

space.   

 António et al. [29] derived a set of analytical solutions to evaluate the 

pressure response inside an empty parallelepiped closed space subjected to a 

harmonic point source. The computations were performed in the frequency domain 

and Inverse Fourier Transforms were subsequently applied to obtain impulse 

responses, from which the reverberation time was deduced. The time signals were 

a sequence of pulses that corresponded to the incident pulse and a train of pulses 

which had been successively reflected on the wall surfaces during the time period. 

At lower frequencies, two successive pulses might not arrive at the receiver with a 

sufficient time lapse to avoid being overlapped. Consequently, the resulting pulse 

was smaller when the two pulses experienced a phase change of 180°. At higher 

frequencies the pulses were narrower in the time domain, and the overlapping 

phenomenon was less possible to occur. Therefore, the phase information should 
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be included in the prediction model, especially in low frequency range. In their 

numerical model, the absorption coefficients were still band-averaged values and 

independent of incidence angle. Furthermore, only the cases of 0o and 180o phase shift 

upon reflection were studied. 

 

1.2.2.2 Speech Transmission Index 

Different acoustical measures have been used as predictors of speech intelligibility, 

such as the signal-to-noise method, the speech transmission index (STI), and 

useful/detrimental sound ratios [30]. Amongst the various indices, the STI has been 

widely accepted as an indicator of speech intelligibility in an enclosure [31]. Based on 

the modulation transfer function (MTF) introduced by Houtgast and Steeneken [32], it 

was a scheme of assessing the effect of a room on intelligibility. The MTF was able to 

combine the effects of reverberation, ambient noise and the contribution of direct field, 

which are usually treated individually, into a single function. In order to evaluate the 

effect of a room on speech intelligibility in a simple manner, the MTF was then 

converted to a single index, the STI [33]. The index was obtained by simple addition 

of the contributions from individual frequency bands. Redundancy-correction factors 

for adjacent frequency bands were introduced in a later literature [34] to consider the 

mutual dependence of the octave-band weights in predicting speech intelligibility. The 

rapid speech transmission index (RASTI) was a simplified version of the STI. It 

provided a fast evaluation of speech intelligibility [35], as it was dependent on two 

octave bands (500 Hz and 2000 Hz) only. Based on a series of articulation tests, it has 

been demonstrated that the STI and RASTI were highly correlated with the 

articulation scores. It has also been shown that the early decay of a room governed the 

MTF and STI. 
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  The mirror image source method [36] and the ray-tracing method [37] were 

used to determine the STI in rectangular rooms. The image source method was limited 

to geometrically reflective boundaries, whereas diffusion was included in the ray-

tracing method. However, both methods were restricted to absorption coefficients that 

were independent of frequency and angle of incidence. 

 The preceding prediction scheme was limited to the presence of a single point 

source. It is more common to deal with a series of loud speakers in a long enclosure, 

such as an underground station or a tunnel. Basically it is a summation of the 

contribution from every single source. Kang [38] carried out a series of scale model 

measurements for improving the STI of multiple loudspeakers in long enclosures by 

architectural treatments. Wu and Zhao [39] has developed a numerical model for the 

prediction of STI by considering the traffic volume in a tunnel.  

 

1.2.3 Sound propagation over impedance discontinuity 

1.2.3.1 Diffraction at impedance discontinuity 

Regarding the existing prediction models described in Section 1.2.1, much attention 

has been devoted to the sound propagation in long enclosures with homogeneous 

boundaries. The acoustical properties of the four boundaries remain unchanged along 

the length of the enclosure. These numerical models provide a fundamental ground 

for the study of acoustic properties in real life situation. A common practice of 

acoustic treatment is the lining of sound absorption material.  

 In outdoor sound propagation, a number of formulations have been developed 

for mixed impedance ground based on different theories. Nyberg [40] presented a 

solution of the Helmholtz equation for multiple discontinuities using the technique of 

Fourier transform. The model presented by Koers [41] was based on Kirchhoff 
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diffraction theory where the diffraction at an impedance transition was calculated by 

taking it as a wedge with a top angle of 180°. Another numerical model developed by 

Rasmussen [42] involved the joining the two parts of the sound field calculated, 

respectively, over the two infinite half-planes at the impedance discontinuity. It was 

adopted by Chan [43] to predict the sound propagation in a 2-D duct with single 

impedance discontinuity. De Jong et al. [44] presented a semi-empirical model for the 

transmission of sound over ground with a wedge shaped barrier. The propagation over 

an impedance discontinuity was treated as the special case of a rigid half-plane. The 

total sound field was composed of the direct wave, the reflected wave, and the 

diffracted wave terms. The diffracted field was found to be significant at near-grazing 

incidence.  

 Hothersall and Harriott [45] compared three numerical models in their paper. 

The first was a numerical solution based on a boundary integral equation formulation 

[46]. Although involving some approximation, this approach provided accurate results 

for a wide range of propagation conditions in a still homogeneous atmosphere but 

suffered from the need for large computing resources. The second one was the 

Fresnel-zone model [47], in which the sound field at the receiver was assumed to be 

governed by the surface conditions in a region around the specular reflection point. 

The region was defined by a Fresnel-zone condition. The computational time for the 

boundary integral equation calculations was several orders of magnitude greater than 

the computational time required for the other two methods. The theoretical model by 

De Jong was also studied.  This approach proved flexible in application to all the 

boundary conditions considered and agreed well with the boundary integral equation 

and the experimental resulted in most cases. 
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1.2.3.2 Existence of inhomogeneous boundaries in an enclosure 

The computation of sound field in a room with mixed impedance surfaces can be 

traced back to the classical theory. The Sabine absorption coefficient [48] was an 

area-weighted value of the surfaces in a room. It was used to deduce the reverberation 

time with the assumption of a diffuse sound field. Kang [10] presented a radiosity 

model for the prediction of sound field and acoustic indices in a long enclosure. It was 

an energy approach, and the boundaries in the enclosure were modelled as diffusely 

reflective. In the calculation procedure, each boundary was divided into a certain 

amount of patches. The absorption coefficients of the patches could be different to 

simulate inhomogeneous boundaries. Since the model was energy-based, the phase 

information of all reflected waves was ignored in the calculation. 

 The attenuation of noise by duct silencers is a similar problem to that of a 

tunnel. Although the dimension and boundary conditions are different, some of the 

theoretical principles for ducts are also useful for long spaces. The mode-matching 

technique was adopted by Mechel [ 49 ] and Somraz et al. [ 50 ] to account for 

diffraction at the duct silencer’s terminations. Astley and Eversman presented a finite 

element formulation [51] and the weighted residual method [52] for finite length 

silencers with mean gas flow. These prediction schemes required considerable 

computational effort, and it was difficult to track the modes in the mode-matching 

method.  

 Tester [53] compared ray theory and modal predictions of the sound field from 

a line source in a two-dimensional duct with zero flow and locally reacting walls. He 

concluded that the ray models were “surprisingly” accurate. The advantages of ray 

models were simplicity and versatility. Cummings [54] developed a hybrid mode/ray 

model for a two-dimensional duct with a length of soft walls and rigid inlet and outlet 
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sections. He suggested that the diffraction effect was not important when the 

frequency was sufficiently high. The formulation did not account for the diffraction at 

the inlet and outlet sections of the silencer. On the other hand, Chan [43] adopted the 

Rasmussen model [42] to account for the diffraction at a single impedance jump in a 

two-dimensional duct. It was an integral method based on the approximation of the 

Boundary Element formulation. However, it would be a far more complicated 

problem to extend this theoretical model to the case of a rectangular long enclosure 

due to the multiple reflections and diffractions at the impedance discontinuity. 

 An alternative measure was adopted by researchers to investigate the 

absorption effect of periodic absorptive strips [55,56,57,58,59]. Both scattering and 

absorption effects were expressed by a single absorption coefficient when strips of 

absorbent material were arranged periodically on a surface. This type of material was 

treated as homogeneous surface in this research.  

 

1.3 Organization of thesis 

The thesis is arranged as follows. Chapter 1 contains a literature review of the 

prediction models of sound propagation and acoustic indices in a long enclosure. The 

theories of the different approaches are described.  

 In the first part of this study, the ‘coherent’ model is extended to predict the 

reverberation time (RT30 and EDT) and speech transmission index (STI) in a long 

enclosure with a rectangular cross-section. The theoretical model is presented in 

Chapter 2. It takes into account the interference effects of the direct and reflected 

waves, and the angle-dependence of the reflection coefficients. It is called the 

‘coherent’ model because the contributions from the sound waves are summed up 

coherently. The difference between the use of spherical and plane wave reflection 
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coefficients in the computation will be studied with computer simulations. 

Measurements have been carried out in a road traffic tunnel, a corridor in a building 

and a model corridor to validate the proposed theoretical formulation. Experimental 

results and their comparisons with the numerical models are given. 

 In Chapter 3, the prediction model is extended to include a single impedance 

discontinuity in a long enclosure. De Jong’s formulation has been incorporated into 

the coherent model to account for the diffracted sound field due to the impedance 

change. In this way, the phase information of the images is retained, and the 

interference effects between the direct and reflected waves are included. The 

significance of the diffracted field in this model is studied. Measurements have been 

conducted in model tunnels to validate the proposed formulation.  

  Applications of the theoretical model are discussed in Chapter 4. Case studies 

are explored in an imaginary long enclosure. A demonstration of how the coherent 

model can contribute in the arrangement and installation of sound absorption 

materials to achieve the goal of noise reduction and improvement in speech 

intelligibility in a long enclosure is given. 

 Conclusions of the whole study will be given in Chapter 5, followed by some 

recommendations for future work.  
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Chapter 2 

Prediction of Reverberation Time and 

Speech Transmission Index in long 

enclosures 

2.1 Introduction 

It was mentioned in the previous chapter that the sound field in a long space is not 

diffuse, and hence the classic theory of room acoustics is not applicable. A theoretical 

model will be presented in this chapter for the prediction of reverberation time and 

speech transmission index in rectangular long enclosures. The model is based on an 

image-source method, and both acoustically hard and impedance boundaries are 

investigated. An approximate analytical solution is used to predict the frequency 

response of the sound field. The reverberation time is determined from the decay 

curve which is computed by a reverse-time integration of the squared impulse 

response. The angle-dependence of reflection coefficients of the boundaries and the 

change of phase upon reflection are incorporated in this model. Due to relatively long 

distance of sound propagation, the effect of atmospheric absorption is also considered. 

Measurements of reverberation time and speech transmission index taken from a real 

tunnel, a corridor, and a model tunnel are presented. Theoretical predictions are found 

to agree well with the experimental data.  
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2.2 Theory 

2.2.1 Computation of the impulse response 

A rectangular long enclosure is modelled as two parallel vertical walls and two 

parallel horizontal planes (i.e., the ground and the ceiling). The enclosure is assumed 

to be infinitely long, and the reflection from the end walls is ignored. Based on the 

image source method, the boundaries are assumed to be geometrically reflective, and 

the effect of diffusion is ignored. The width of the enclosure is W, with the left 

vertical wall located at plane x = 0. The height of the enclosure is H, with the ground 

situated on plane z = 0. The y-axis represents the direction along length of the 

enclosure. A point source S0 is located inside the enclosure, with coordinates (xs, 0, zs), 

and a receiver R is positioned at (xR, , yR , zR), as shown in Fig. 2.1. 

 When the sound source is turned on in a long enclosure, an infinite number of 

images are discretely located on plane y = 0 (Fig. 2.2). The reflection order of an 

image source Sm,n is nm + , where m, n = -∞ … ∞. The value m  is the total 

number of times the image reflects from the vertical walls, and n  is that from the 

horizontal planes. The distance of an image Sm,n from the receiver can be determined 

by simple geometry as 

( ) ( )222
, nRRmRnm zzyxxd −++−= , (2.1)
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The incident angles at which the sound wave from image Sm,n reflects from the 

vertical and horizontal boundaries are given respectively by  

nm

nmR
nm d

xx
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 Assume that the four boundaries have different acoustic impedance. The 

contribution of the image Sm,n to the total pressure can be written as 
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for m, n = -∞ … ∞, (2.4)

where k( c/ω≡ ) is the wave number. The time-dependent factor, e-iωt, is understood 

and suppressed. The terms QL, QR, QG and QC are the spherical wave reflection 

coefficients of the left and right walls, the ground and the ceiling respectively. They 

are expressed by 
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where, according to Ref.1 ,  

( )wFRRQ pp )1( −+=  (2.6)

and 
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. 

(2.7)

Rp is the plane wave reflection coefficient. The function F(w) is the boundary loss 

factor given by 

)(erfc1)(
2

iwweiwF w −+= −π ,  (2.8)

where efrc(w) is the complementary error function. The parameter w is called the 

numerical distance, which is determined by 

( )βθ ++= cos2
1 ikdw .  (2.9)

The normalized admittance of the left and right walls, the ground, and the ceiling are 

denoted by βL , βR , βG and βC respectively. They can be obtained from the 

one-parameter model by Delany and Bazley [2], or the two-parameter model by 

Attenborough [3]. For acoustically hard boundaries, β = 0, and consequently 

QL=QR=QG=QC = 1. 

 The wave number k can be modified to take air absorption effect into 

consideration. According to the standard published by the Acoustical Society of 

America [4], the attenuation coefficients for pure-tone sounds are calculated by 

means of equations over ranges of frequency and atmospheric humidity, pressure and 

temperature. When a pure-tone sound wave propagates through the atmosphere over 

a distance d, the pressure amplitude Pt decreases exponentially, as a result of the 

atmospheric absorption effect, from its initial value Pi as given by 

)115.0exp( adPP it −= ,  (2.10)
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where a is the pure-tone sound-attenuation coefficient for atmospheric absorption in 

dB/m.  Eq. (2.4) can be modified to include the effect of air absorption by 

multiplying the term “exp(-0.115ad)”, where d is the corresponding path length of 

each term as determined by Eq. (2.1), and a is calculated according to the Standard 

[4]. Alternatively, the atmospheric absorption coefficient can be included as the 

complex part of the wave number: 

aicfk 115.0/2 += π . (2.11) 

 The total sound field in the long enclosure is then obtained by the summation 

of the contribution from the direct and reflected image sources: 

∑ ∑
∞
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m n
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. 

(2.12) 

The impulse response of sound pressure is computed by taking the inverse Fourier 

transform of the frequency response: 

))(()( ωtotalPIFFTtp = . (2.13) 

The time interval and the length of the FFT depend on the frequency of interest. For 

octave band analysis, the frequency response is first filtered before applying the 

inverse Fourier transform. Alternately, if the source generates a known band limited 

time signal instead of white noise, the frequency response will be multiplied by the 

Fourier transform of the source strength signal. The impulse response is then 

obtained by taking the inverse Fourier transform of the product. 

 The number of reflections used in the computation is estimated by 

considering the required duration (TD) for the impulse response in the time domain. 

The duration is determined by the inverse of the frequency increment (T ) 

used in the numerical analysis. These two parameters are chosen according to the 

configuration of the practical experimental set-up. 

fD ∆= /1
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 The critical frequency where the coherent model should be used instead of 

the incoherent model was introduced by Li and Iu [5]. Assuming the source-receiver 

distance , the critical frequency is determined by 0>>L

( ) ALALcfc /2~ 2 + , (2.14)

where c is the speed of sound in air, and A is the cross-sectional area of the long 

enclosure. 

   

2.2.2 Computation of Reverberation Time and Speech Transmission 

Index 

 A curve showing the decay of sound energy after the cessation of the source 

can be generated by a reverse-time integration of the squared impulse response, 

known as the Schroeder approach [6]: 









= ∫∫
∞∞

0

22 )]([)]([log10)( ττττ dpdptE
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(2.15)

Fig. 2.3 shows an example of the predicted impulse response. The corresponding 

decay curve computed with Eq. (2.15) is demonstrated in Fig. 2.4. The RT30 is 

determined using the rate of decay given by the linear regression of the decay curve 

from a level of 5 dB below the initial level to 35 dB below, while the early decay 

time (EDT) is obtained from the initial 10 dB of the decay. Other indices related to 

speech intelligibility, such as Clarity and Definition, can also be derived from the 

impulse response. 

 The speech transmission index (STI) is widely accepted as an indicator of 

speech intelligibility. It is based on the modulation transfer function as described by 

Houtgast and Steeneken [7]. When both the effect of reverberation and ambient 

background noise are taken into account, the modulation transfer function m(F) is 
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written in a general form as: 
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where S/N is the signal-to-noise ratio in dB at the receiver’s position and F is the 

modulation frequency. It can be seen from Eq. (2.16) that the contribution of ambient 

background noise to the transfer function is inversely proportional to the 

signal-to-noise ratio. When the signal-to-noise ratio is sufficiently high, the 

contribution of the term in squared brackets of Eq. (2.16) is negligible, and the 

formulation becomes: 
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The modulation transfer function is computed with 14 modulation frequencies, from 

0.63 Hz to 12.5 Hz, in one-third octave intervals. These are then converted into a 

single index, the STI, which is defined by [8] 

∑
=

=
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Hzf
ff STIwSTI

8

125 , 
(2.18)

where wf is the frequency weighting factor. From the octave bands of 125 Hz to 8 

kHz, wf equals to 0.13, 0.14, 0.11, 0.12, 0.19, 0.17 and 0.14, respectively. STIf is the 

speech transmission index at each of the seven octave bands. It can be calculated 

by[9] 
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where (S/N)app is the apparent S/N ratio. (S/N)app,F is clipped between ±15 dB, i.e., 

(S/N)app,F = 15 dB if (S/N)app,F > 15 dB, and (S/N)app,F = -15 dB if (S/N)app,F < -15 dB. 

In the experimental validation of the proposed model in the Section 2.3, the 

measured and predicted STIf at different octave bands, together with the overall STI, 

will be compared. 

 

2.2.3 Analysis of the reflection coefficient 

The purpose of this section is to examine and gain more understanding toward the 

effect of the replacement of the spherical wave reflection coefficient with the plane 

wave coefficient on the numerical prediction of EDT, RT30 and STI. It is analysed 

with an imaginary long rectangular enclosure of width 6 m and height 4 m. The 

enclosure is assumed to be infinitely long, meaning there is no reflection from the 

walls at either end. The vertical walls of the enclosure are perfectly hard. The 

horizontal planes are impedance boundaries. They share the same level of 

absorptiveness as characterized by the one-parameter model [2] based on the 

effective resistivity, eσ , of the boundary surfaces. Four values of eσ  are used in 

the computation: 100 kPa s m-2, 500 kPa s m-2, 1000 kPa s m-2 and 10,000 kPa s m-2. 

They are chosen to simulate different levels of absorptiveness of the horizontal 

boundaries.  

 The different locations of the point source and the receiver are listed in Table 

2.1. In case 1, both source and receiver are placed at the centre of the cross-section, 
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with source-receiver distance of 5 m, 20 m and 50 m respectively. The source is then 

moved to a higher position, which is 3.8 m from the lower boundary, in case 2. In the 

third case, the receiver is also moved to a height of 3.8 m, at the same level as the 

source. The source and receiver are separated by 5 m, 20 m and 50 m in each case. 

Computations of EDT, RT30 and STI are made at each source-receiver combination, 

with the four different values of effective flow resistivity as mentioned before. In 

order to illustrate the difference in computation of the two reflection coefficients, 

data are presented in relative error, ∆, which is given by: 
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where EDT(Q), RT30(Q) and STI(Q) are the corresponding parameters computed 

with the spherical wave reflection coefficient, Q, and EDT(Rp), RT30(Rp) and STI(Rp) 

are those with the plane wave reflection coefficient, Rp. Comparisons are made in 

relative ‘error’ so that the effect of the use of Q and Rp on the predicted parametric 

values of EDT, RT30 and STI can be assessed.  

 Fig. 2.5 shows the relative error of EDT, RT30 and STI. The results are 

computed at different frequency bands, source-receiver positions and absorptiveness 

of the boundaries. These three factors are believed to be associated with the effect of 

the spherical wave reflection coefficient (c.f. Eq. (2.6)) on the prediction of 

reverberation time and speech transmission index. The results of ∆EDT and∆RT30 are 

presented in one-third octave bands, and those of ∆STI are presented in octave bands. 
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In Fig. 2.5(a), for the ∆EDT bars that extend to the upper boundary line, the actual 

values are over 50% and marked beside the bars.  

 It is obvious that the relative error decreases with the increase of frequency. 

As mentioned before, four different values of effective flow resistivity are used in 

the calculation to simulate different impedance of the horizontal boundaries. The 

relative error is higher when the boundaries are more absorptive in most of the cases. 

Its largest value occurs when the effective flow resistivity changes from 100 kPa s 

m-2 to 500 kPa s m-2. There are exceptions, for example, in the prediction of EDT at 

500 Hz in case 3. A combined effect of the interference phenomenon and the 

positions of the source and receiver could have an influence on the initial stage of the 

decay process.  

 It is remarkable that the existence of the ground wave term has long been 

identified in the propagation of sound above a ground surface at long ranges [10]. 

Each of the 4 boundary surfaces of the rectangular enclosure has its own ‘ground’ 

wave term. Due to the existence and significance of these ground wave components, 

the relative error is expected to increase with the source-receiver distance, and 

especially when the source and receiver are placed near a boundary surface. This can 

be observed, for example, in the prediction of ∆EDT and ∆RT30 at 125 Hz in case 1, 

∆RT30 at 250 Hz in case 1 and 2, and that of ∆STI at 500 Hz in case 3. However, the 

trend is not consistent in other cases. It may be caused by a combined effect of the 

source-receiver distance and the reflection order of contributing images. When the 

source-receiver distance increases, the contribution of the direct wave becomes 

smaller. The sound field is then dominated by the reverberant field. The incident 

angle of an image increases with its reflection order, and the sound propagation is 

not near-grazing anymore.  
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 It is noticed that the effect on the prediction of reverberation time is bigger 

than that of speech transmission index. Although there does not seem to be an exact 

rule to identify the trend of the overall effect, the data in Fig. 2.5 show that the use of 

plane wave reflection coefficients to approximate the spherical one does alter the 

prediction of the reverberation time and speech transmission index. The difference 

can be over 100 % at certain frequency and boundary conditions. The spherical wave 

reflection coefficient is, therefore, preferred in the prediction model, especially in the 

case of sound propagation in a long enclosure. 

 

2.3 Experimental Validation 

Measurements of reverberation time and speech transmission index taken from a real 

tunnel, a corridor and a model tunnel are presented to validate the proposed 

prediction model. The data are compared with predictions from the coherent and 

incoherent models in this section. 

 

2.3.1 Long enclosure with perfectly hard boundaries 

The Western Harbour Tunnel is a two-kilometre three-lane road tunnel in Hong 

Kong’s Victoria Harbour. It has a rectangular cross-section with nominal width of 

12.5 m and height of 5.8 m. The walls and the ground are made of concrete with 

relatively flat and smooth surfaces. Raised walkways in adjacent to the vertical walls 

and other scattering surfaces on the ceiling are found. A photograph of the tunnel is 

shown in Fig. 2.6. 

 A Tannoy Superdual B475 loudspeaker and a Tannoy T300 loudspeaker were 

used together as a single sound source generating white noise, with the T300 placed 

on top of the B475. They could be treated as a single point source due to the 
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long-distance sound propagation in the measurements. There were other maintenance 

activities in the tunnel throughout the period of our measurements. This led to a 

typical background noise level of about 70 dB(A). In our preliminary measurement, 

we found that the measured sound pressure level due to the loudspeakers reached a 

level of about 105 dB(A) at a distance of 150 m in the tunnel. Hence, the maximum 

source-receiver distance was restricted to 150 m in the present set of measurements. 

The limit on the maximum source/receiver separation can guarantee that the lowest 

equilibrium sound level at measuring positions was at least 20 dB above the 

background noise level, which was required for the measurement of STI and EDT. A 

PC-based maximum length sequence system analyser (MLSSA) [11] was used both 

as the signal generator for the source and as the analyser for subsequent data 

processing. Its post-processing functions calculate most of the acoustical parameters, 

including the reverberation time and speech transmission index, from the measured 

impulse response. The same technique was used by Kang [12] and Li [5] to carry out 

site measurements in Hong Kong. The receiver used in the measurement was a B&K 

pre-polarized diffuse field ½-inch condenser microphone of type 4942, fitted with a 

B&K Deltatron Pre-amplifier of type 2671. The experimental set-up is illustrated in 

Fig. 2.7. Data are collected in one-third octave bands. 

 The source was located at the centre of the width of the cross-section, i.e. 

6.25 m from both vertical walls. The receiver was placed at different positions along 

the centreline (x = 6.25 m) and the offset line (x = 9.85 m), as marked in Fig. 2.8. 

The height of the receiver was 1.2 m. The source-receiver distance refers to the 

horizontal distance along the y-axis hereafter, unless otherwise stated. It ranged from 

5 m to 150 m. The average background noise during the measurement was about 70 

dB(A) as mentioned above. In order to ensure sufficient rooms for the sound level to 
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decay and that the results would not be affected by the background noise, only the 

Early Decay Time was measured. With the same level of sound power being used in 

the measurement of STI, the signal-to-noise ratio was sufficiently high in each 

octave band, and its contribution to the STI was ignored in the computation.  

 Separate measurements were conducted to characterize the impedance of the 

wall surfaces and the ground. It was found that they can essentially be treated as 

perfectly hard surfaces in the numerical models. This was in consistency with 

previous works performed by Li and Iu in the same tunnel. The ceiling was assumed 

to be perfectly hard as well. For the incoherent model, the absorption coefficients (α) 

were set to 0 in order to simulate the ideal case of perfectly reflecting boundaries. A 

clear comparison between the coherent and incoherent models could then be made. 

Decay curves were generated by setting α = 0 in Eq. (2.2), and from which the 

corresponding EDT and STI were obtained. The effect of atmospheric absorption 

was included in the computation. The absorption coefficients for atmospheric 

absorption were determined according to the formulation given in Ref. 4.  

 For the coherent model, the sound field is first computed in the frequency 

domain with Eq. (2.12). Since the boundaries are assumed to be perfectly hard, the 

spherical wave reflection coefficients in Eq. (2.4) equal to 1. The results are then 

digitally filtered by Butterworth IIR band pass filter. The same type of filter is used 

in the MLSSA system. The impulse response in the corresponding one-third octave 

band is obtained by applying the inverse Fourier transform on the filtered results. A 

decay curve can be generated by a reverse-time integration of the squared impulse 

response, as in Eq. (2.15). The EDT is obtained from the first 10 dB of the decay of 

sound level, and the STI is determined from the impulse response as given in the 

previous section. 
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 Both the EDT and STI were measured at different positions as marked in Fig. 

2.8. It was found that the predictions with the coherent model agreed well with the 

experimental data, whether the receiver was located on the centreline or the offset 

line. For the brevity in the illustration, only the comparison of measured and 

predicted EDT on the centreline, and that of the STI on the offset line, are presented. 

Fig. 2.9(a) shows the comparison of EDT spectra at source-receiver separations of 15 

m, 50 m, 75 m and 150 m on the centreline. It can be seen that the incoherent model 

gives a general trend of the EDT only, while the coherent model provides a better 

prediction. For example, when the source and receiver are separated by 75 m, there 

are dips at 200 Hz and 630 Hz, and a peak at 400 Hz. The coherent model is able to 

predict the fluctuations in different frequency bands. The incoherent model 

overestimates by more than 1.5 s at 200 Hz, and 1 s at 630 Hz. At higher frequencies, 

e.g. over 2000 Hz, the difference between predictions by the two models becomes 

smaller.  

 Fig. 2.9(b) demonstrates how the EDT varies along the length of the tunnel at 

two typical frequencies of 200 and 2500 Hz. At 200 Hz, the EDT fluctuates along the 

length of the tunnel due to the interference effect of the contributory sound rays. On 

the other hand, the incoherent model is unable to predict the reduction in EDT at a 

distance over 50 m at 200 Hz. In fact, it overestimates the EDT for over 1 s at 

distances beyond 75 m from the source. The coherent and incoherent models give 

similar predictions in the one-third octave band centred at 2500 Hz, within a 

difference of 0.5 s. This is in accordance with the findings by António et al. [13], 

who suggested that the interference effects were significant in low frequency bands. 

The coherent predictions generally match the measurements better than the 

incoherent predictions, especially in the low frequency range. For the prediction of 
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the EDT, the average error of the coherent model was 0.3 s, and that of the 

incoherent model was 0.6 s. It is noted that the prediction results might match the 

measurements better at some positions by changing the parametric values of the 

absorption coefficients in the incoherent model. However, it is not able to predict the 

fluctuations due to interference effects as offered by the coherent model. 

 In the next set of measurements, the receiver was located along the offset line. 

Observations from the comparisons of the measured and predicted EDT are similar 

to the case when the receiver was located at the centreline. In order to show that the 

coherent model is also valid in this receiver location, the comparisons of measured 

and predicted STI are shown in Fig. 2.10. The interference effects are observed in the 

lower frequency bands, where the coherent model gives a better prediction than the 

incoherent model. For the overall value of STI, both models give similar predictions. 

The reason is that the overall STI, defined in Eq. (2.18), is a weighted average of the 

values at seven octave bands. The incoherent model over-estimates the STI at 8000 

Hz, but under-estimates at other frequency bands, as shown in Fig. 2.10. The average 

errors in predicting the STI were 0.02 and 0.04 for the coherent and incoherent 

models, respectively. By a numerical weighted average of the values at different 

octave bands, the incoherent model seems to give a reasonably good prediction of 

the overall STI, as the corresponding discrepancies are cancelled out mathematically. 

In this way, the overall STI values can only give a general idea of the speech 

intelligibility in an enclosure. In order to have a better understanding of the enclosure 

on the performance of speech, the STI at different octave bands, of which the 

coherent model can give a satisfactory prediction, should be examined as well. 

Corresponding acoustic treatments can then be applied to improve the speech 

intelligibility. 

 34



 It can be seen from Figs. 2.9 and 2.10 that the predictions by the coherent 

model agree reasonably well with the field measurements in most cases. However, 

some discrepancies between the experimental data and theoretical predictions have 

been found. This is probably due to the scattering of sound from the raised walkways 

adjacent to the vertical walls and other scattering subjects hung from the ceiling. The 

fact that the tunnel cross-section is not a true rectangular shape also affects the 

results. Other factors include the use of loudspeakers as a point source, and the 

assumption of a perfectly hard ceiling. It is important to show that the numerical 

model also works in enclosures with impedance boundaries, which will be discussed 

in the next section. 

 

2.3.2 Long enclosure with two impedance boundaries 

Measurements of RT30 and STI were conducted in a corridor in the Department of 

Mechanical Engineering, the Hong Kong Polytechnic University. The length and 

width of the corridor were 35.6 m and 1.53 m respectively. The height of the corridor, 

which was measured from the floor to the false ceiling, was 2.45 m. We found from 

subsequent measurements that the false ceiling could be treated as perfectly hard. 

Therefore, 2.45 m is used as the height of the corridor hereafter. The Tannoy T300 

loudspeaker was again used as the sound source to generate white noise. The same 

set of equipment mentioned in the previous section was used, except for the 

loudspeaker. The ground of the corridor was covered with a carpet. The ceiling was 

made up of perforated metallic panels and embedded with fibre glass (see Fig. 2.11). 

 Separate measurements of excess attenuation (EA) were made for the 

characterization of the impedance of the corridor surfaces. A Tannoy driver fitted 

with a tube of length 1 m was used as a point source. The excess attenuation is 
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defined as the ratio of the total sound field of sound propagation along an impedance 

surface, PT, to the direct sound field, Pd: 

)/log(20 dT PPEA = . (2.21)

The source and receiver were located 0.5 m from each other and at a distance of 0.2 

m from the surface of interest. The measured data are compared with predictions 

with the one-parameter model in the excess attenuation spectra shown in Fig. 2.12. 

They are also compared with predictions with the assumption of perfectly hard 

surfaces. The best-fit values for the effective flow resistivity (σ) of the ceiling and 

the ground surfaces are found to be 5,000 kPa s m-2 and 400 kPa s m-2 respectively. 

Based on the measurements of excess attenuation, the vertical walls along the length 

of the corridors and the end walls are perfectly hard. The scattering effects that might 

occur from the edge between the wall and the doors can also be ignored. It is noted 

that a high flow resistivity of 5,000 kPa s m-2 is deduced for the ceiling. It may 

essentially be treated as a hard boundary. However, it is found from subsequent 

calculations that the use of this parameter for the flow resistivity leads to better 

agreement with experimental data. 

 The loudspeaker was located 4 m from one end of the corridor, equidistant 

from the vertical walls (i.e. along the centreline), and 0.95 m above ground. The 

receiver was placed along the centreline at a height of 1.2 m. Atmospheric absorption 

is included in the predictions. The absorption coefficient (α) used in the incoherent 

model is deduced from the plane wave reflection coefficient (Rp) with the 

assumption of normal incidence: 

21 pR−=α . (2.22)

The absorption coefficients of the ground and ceiling surfaces from 100 Hz to 4000 

Hz in one-third octave bands are listed in Table 2.2. It is noted from the absorption 
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coefficients that the ceiling is relatively hard. 

 Both RT30 and STI were measured in one-third octave bands, with the 

source-receiver distance ranging from 1 m to 28 m. This can be perceived as a 

long-distance sound propagation with respect to the cross-sectional area. Fig. 2.13(a) 

shows the RT30 spectra when the receiver was located at separations of 16 m, 24 m 

and 28 m from the source. The coherent model can give a satisfactory prediction up 

to the maximum distance at 28 m, following the pattern of the fluctuations of the 

measured values in most cases. On the other hand, the incoherent model can only 

give a general trend of the RT30. When the source and receiver are located 16 m 

apart, the incoherent model gives an over-estimation of 0.2 s at 160 Hz, and 

under-estimation of about 0.2 s at 1600 Hz. At source-receiver distance of 24 m, 

discrepancies between the incoherent predictions and measurements are found in 

lower frequency region, while the predictions above 1000 Hz seem agreeable. 

However, at a distance of 28 m, it is noticed that the coherent model generally gives 

a much more accurate prediction than the incoherent one. One of the main objectives 

of the current study is the prediction of sound propagation at larger distances in a 

long enclosure. Although experimental measurements are also conducted at shorter 

distances, these measured spectra are not presented here for brevity. Nevertheless, 

some of the measured results at shorter distances are displayed in Fig. 2.13(b) for the 

source frequency of 250, 500 and 2500 Hz. 

 The variations of RT30 along the length of the corridor at frequency bands of 

250 Hz, 500 Hz and 1000 Hz are shown in Fig. 2.13(b). Similar to Fig. 2.13(a), the 

coherent model gives a satisfactory prediction in most cases. The coherent model is 

more preferable to the incoherent model, especially in lower frequency region, where 

the interference effects are believed to be more significant. For the incoherent 
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predictions, the shape of the curve does not seem to change much at the three 

different frequency bands, since its amplitude depends on the value of the absorption 

coefficients. The selection of absorption coefficients, or the determination of the 

impedance of the boundaries, plays an important role in the incoherent model. 

However, the absorption coefficients cannot represent the true physical properties of 

the boundary surfaces because normal incidence is assumed in the incoherent model. 

This is even more obvious when a receiver is set farther apart from the source in a 

long enclosure. In the coherent model, the spherical wave reflection coefficient is 

dependent on frequency and angle of incidence, which is more reasonable in 

practice.  

 Results similar to those shown in Fig. 2.13 are obtained at other 

source-receiver separations and frequency bands. They are not included here for 

brevity. For the prediction of RT30, the average error of the coherent model is 0.05 s, 

with a maximum of 0.06 s at 630 Hz. On the other hand, the predicted RT30 

according to the incoherent model has a higher average error of 0.07 s. Though the 

coherent model gives a reasonably good approximation in most cases, some 

discrepancies between the experimental data and the coherent predictions can still be 

found. Possible factors include the scattering of sound from the edges between the 

vertical side walls and the doors, and from the perforated metallic panels of the 

ceiling, the use of a loudspeaker as a point source, and the assumption of perfectly 

hard vertical boundaries and end walls. 

 Similar to the case in the Western Harbour Tunnel, the coherent model is able 

to predict the STI more accurately than the incoherent model, as shown in Fig. 2.14. 

The average errors of the coherent and incoherent models are 0.03 and 0.06 

respectively. There are under-estimations by the incoherent model at frequency 
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bands of 250 Hz, 500 Hz, 100 Hz and 2000 Hz, and over-estimations at some 

distances at 4000 Hz. Dips and peaks are observed at 250 Hz, and the coherent 

model can predict the pattern well. The incoherent model is not capable of showing 

this interference effects. Comparing the results in Figs. 2.10 and 2.14, the advantage 

of the coherent model is more obvious here than in the case of the real tunnel. As 

mentioned before, the impedance of the boundaries are characterized by the 

one-parameter model for the coherent model. It can simulate the reflection properties 

of the boundaries better than simply giving a nominal value as the absorption 

coefficient used in the incoherent model. 

 

2.3.3 Long enclosure with an acoustically soft surface 

In the previous section, two impedance boundaries were introduced into the model. 

The approximation of the coherent model is found to be satisfactory. However, the 

two boundaries are relatively hard. A third experiment has been conducted to study 

the performance of the coherent model in long enclosures with an acoustically soft 

boundary. A 4.8-metre-long model corridor made of hard plywood was set up in the 

anechoic chamber (Fig. 2.15). The cross-sectional area was 0.8 x 1.2 m2. The lower 

horizontal plane was covered with a layer of 3-cm-thick fibreglass. When the model 

was viewed upside-down, it simulated the situation in which absorptive material was 

placed on the ceiling in a long enclosure where sound absorption treatment was 

usually made. The impedance of this boundary was calculated according to the 

one-parameter model with a hard-back layer [14]. This impedance model has led to a 

good prediction of the excess attenuation, as shown in Fig. 2.16(a). In the acoustic 

characterization of the boundary, the source and receiver were separated by a 

horizontal distance of 0.8 m and placed at a height of 0.13 m. The best-fit parametric 
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value for the effective flow resistivity was 40 kPa s m-2. The absorption coefficient 

of the fibre-glass used in the incoherent model was also measured with the 

impedance tube. The results are presented in Fig. 2.16(b). 

 The cross-section of the model tunnel was relatively smaller than those in the 

previous experiments; hence a Tannoy driver fitted with a tube of length 1 m was 

used as a point source. The same microphone as mentioned before was used. The 

source and receiver were placed at several different positions to measure the 

corresponding EDT and STI. Comparisons between some of the measured data and 

the coherent predictions were presented in Fig. 2.17. The source was placed 0.2 m 

from one of the vertical planes, and 0.13 m above the lower horizontal surface. The 

receiver was placed in alignment with the source along the length of the enclosure, 

but at a height of 0.7 m. In the same way, when the model was viewed upside down 

and properly scaled, it simulated the scenario of a loud-speaker being fixed near the 

ceiling and the wall, and a listener standing on the ground. 

 Fig. 2.17(a) shows the measured and predicted EDT spectrum at four 

different source-receiver separations, namely 1.5 m, 2 m, 2.5 m and 3 m. 

Fluctuations caused by interference effects are again observed. For example, at a 

distance of 1.5 m, there is a significant peak at 800 Hz, and a dip at 500 Hz. The 

coherent model can give a satisfactory prediction, especially between 200 Hz to 400 

Hz. The predictions at other distances are also reasonably good. At a distance of 3 m, 

a downward slope is found from 630 Hz to 1250 Hz, which is predicted precisely by 

the coherent model. However, the trend is not observed in the incoherent prediction. 

Similar results have been obtained in other source-receiver configurations. The 

average error of the coherent prediction is 0.09 s, with a maximum of 0.19 s at 200 

Hz.  
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 Fig. 2.17(b) shows the measured and predicted STI at 500 Hz and 2000 Hz 

octave bands. It seems that both the coherent and incoherent models give good 

approximations of the STI. The prediction also matches the experiment data well at 

other octave bands, but they are not presented here for brevity. The advantage of the 

coherent model over the incoherent one cannot be observed clearly here. It may be 

due to the length of the model corridor being limited by the size of the anechoic 

chamber, and the source-receiver distance being relatively small. There is an 

over-prediction at 3.5 m source-receiver separation at 2000 Hz. This is probably 

caused by the scattering effects which occur at the edges of the model. This is also 

believed to be the major reason for discrepancies between the measurement results 

and the predictions both in EDT and STI. 

 

2.5 Conclusions 

The coherent model has been extended to evaluate the impulse response of sound in 

a long enclosure, from which the reverberation time and speech transmission index 

can be obtained. The model was validated by comparing the theoretical predictions 

with the experimental data in a real tunnel with hard boundaries, a long corridor with 

two impedance boundaries, and a model corridor with an acoustically soft boundary. 

It was shown that the coherent model could give a more accurate prediction than the 

incoherent model, because the interference effects between contributory rays were 

included. The coherent model gave satisfactory predictions of both the reverberation 

time and the speech transmission index, at different receiver positions as shown in 

the figures. 

 It was described in the theory section that the impulse response was obtained 

by the inverse Fourier transform of the predicted sound field. The number of 
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predicted data in single frequency will increase from low to high frequency bands, 

which means the computational time will also increase. The advantage of the 

coherent model can also be observed better in narrow band analysis, since the 

number of frequencies included in each band increases with the width of the band, 

and the interference effects may be averaged out and become less significant. 

Considering the computational time and the significance of the interference effects, 

the coherent model is therefore preferable in narrow band analysis, and in low 

frequency regions. It has also been demonstrated that the spherical wave reflection 

coefficient should not be replaced by the plane wave reflection coefficient, especially 

in cases of long source-receiver distance and enclosures with relatively soft 

boundaries, and in low frequency ranges. The propagation of sound in a long 

enclosure with an impedance discontinuity will be discussed in the next chapter. 
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Tables 

 

Case Source Height Receiver Height Source-receiver distance 

1a 2m 2m 5m 

1b 2m 2m 20m 

1c 2m 2m 50m 

2a 3.8m 2m 5m 

2b 3.8m 2m 20m 

2c 3.8m 2m 50m 

3a 3.8m 3.8m 5m 

3b 3.8m 3.8m 20m 

3c 3.8m 3.8m 50m 

 
Table 2.1: Location of source and receiver in the rectangular enclosure. 
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Frequency (Hz) 100 125 160 200 250 315 400 500 630 

Absorption 

coefficient (Ceiling) 
0.009 0.011 0.013 0.016 0.018 0.022 0.026 0.030 0.036 

Absorption 

coefficient (Ground) 
0.058 0.068 0.081 0.094 0.110 0.130 0.152 0.177 0.206 

Frequency (Hz) 800 1000 1250 1600 2000 2500 3150 4000 

Absorption 

coefficient (Ceiling) 
0.042 0.050 0.058 0.069 0.081 0.094 0.111 0.131 

Absorption 

coefficient (Ground) 
0.240 0.277 0.317 0.367 0.415 0.467 0.522 0.581 

 

 
Table 2.2: Absorption coefficients of the ground and ceiling surfaces in the 

corridor (in 1/3 octave bands). 
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(b) 

 
  FIG. 2.1: Position of source and receiver in a long enclosure. 

    (a) Cross-section; 

    (b) Side view. 
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FIG. 2.2: Formation of image sources.

 48



 

 

 

FIG. 2.3: Impulse response. 

 

 

 

FIG. 2.4: Decay curve. 
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(a) (b) 

FIG. 2.5: Relative error in the use of 

plane wave reflection coefficients to 

predict (a) EDT, (b) RT30 and (c) STI at 

different source-receiver geometry. 

Results computed with effective flow 

resistivities of:  

100 kPa s m-2: , 

500 kPa s m-2: , 

1,000 kPa s m-2
 : , and 

10,000 kPa s m-2: . 

 

(c)   
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FIG. 2.6: The Western Harbour Tunnel. 
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FIG. 2.7: Experimental set-up. 
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FIG. 2.8: Arrangement of source and receiver in the tunnel (plan view). 
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FIG. 2.9:  Comparison of measured and predicted EDT in the tunnel.  

Measurement: ; Coherent prediction: ; Incoherent prediction:  

(a) EDT spectra at different source-receiver distance; 

(b) EDT along the length of the tunnel at different frequency bands.
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FIG. 2.10:  Comparison of measured and predicted STI, receiver located along the 

offset line. Measurement: ; Coherent prediction: ; Incoherent 

prediction:  
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FIG. 2.11: Arrangement of the source and receiver in the corridor
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FIG. 2.12:  Plot of excess attenuation against frequency for the characterization 

of surfaces in corridor. Measurement: , prediction with 

one-parameter model: , and prediction with the assumption of 

perfectly hard surface: . 
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FIG. 2.13: Comparison of measured and predicted RT30 in corridor. 

Measurement: ; Coherent prediction: ; Incoherent prediction:  

(a) RT30 spectra at different source-receiver distances; 

(b) RT30 along the length of the tunnel at different frequency bands.
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FIG. 2.14: Comparison of measured and predicted STI in corridor.  

Measurement: ; Coherent prediction: ; Incoherent prediction:  
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FIG. 2.15: Model corridor in the anechoic chamber. 
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  FIG. 2.16: Characterization of the impedance of fiberglass. 

(a) Plot of excess attenuation against frequency.  

 Measurement: ; Prediction: . 

(b) Plot of absorption coefficient against frequency.  
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(a) 

 
(b) 

FIG. 2.17: Comparison of measured and predicted results in model corridor.  

Measurement: ; Coherent prediction: ; Incoherent prediction: . 

 (a) EDT spectra at different source-receiver distance; 

(b) STI at 500 Hz and 2000 Hz octave bands. 
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Chapter 3 

Sound propagation in a long enclosure 

with an impedance discontinuity 

3.1 Introduction 

The research described in Chapter 2 concentrated on long enclosures with 

homogeneous surfaces. The acoustic properties of the four boundaries remain the 

same along the length of the enclosure. A common practice of acoustic treatment is 

the lining of sound absorption materials along the enclosure walls. However, it will 

not be economical, nor can it achieve maximum efficiency, if the sound absorption 

materials are installed on the entire length of an enclosure. It is necessary to optimize 

the pattern, the amount, and the location of the absorption materials. For example, 

patches of absorption material can be placed on the ceiling at certain intervals. A 

theoretical model can assist the design of such an arrangement of absorption 

materials. 

 As the first attempt to investigate the problem, the basic theory of sound 

propagation over a half-rigid half-soft plane will be reviewed. It is then incorporated 

into the coherent model and applied to a two-dimensional duct. The diffraction effect 

will be examined. In the second part of this chapter, the coherent model will be 

extended to a three-dimensional long enclosure. Experimental validation of the 

coherent model will be presented in the last section. 
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3.2 Theory 

3.2.1 Sound propagation over ground with an impedance 

discontinuity 

The formulation for the prediction of outdoor sound propagation over an impedance 

discontinuity proposed by De Jong et al. [1] will be reviewed first. The geometry of 

the problem is shown in Fig. 3.1. The change of impedance occurs at y = yD. The 

source is placed at (0,0, zS), and the receiver R at (xR, , yR , zR), where . The 

image of the source is located at (0,0,-z

DR yy >

S). There are three ray paths leading from the 

source to the receiver: the direct path (r1), the reflected path (r2) and the diffracted 

path (r3). The total sound field is expressed as: 

( ) r
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r
riit p

Q
DpDpp

1

1 −+−= , (3.1a)

if the reflection point M falls on the region Dyy < , and 

( ) r
G

r
riit p

Q
DpDpp

2

1 ++−= , (3.1b)

if the reflection point M falls on the region . The direct and reflected sound 

fields are denoted by p

Dyy >

i and pr respectively. Here, the spherical wave reflection 

coefficients QG1 and QG2 are calculated according to Eq. (2.6) with the impedances 

of the two regions, ZG1 and ZG2 of the corresponding ground surfaces. The 

diffraction coefficients Di and Dr are given respectively by: 
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where 

( ) dteF it∫
∞

=
χ

χ
2

 (3.3)

is the Fresnel integral function [2]. 

 

3.2.2 Single impedance discontinuity in two parallel horizontal 

planes 

The formulation for the prediction of outdoor sound propagation over an impedance 

discontinuity proposed by De Jong et al. [1] is incorporated into the coherent model 

to account for the case of a two-dimensional duct, i.e. calculation of sound fields 

between two parallel horizontal planes. The geometry of the 2-d enclosure is shown 

in Fig. 3.2. There is an impedance change from ZG1 to ZG2 at  on the lower 

horizontal surface. It means the region 

Dyy =

Dyy <  on the lower plane has a specific 

normalized impedance of ZG1, and that of the region  is ZDyy >

Dy

G2. The upper 

horizontal plane has a specific normalized impedance of ZC. The source S0 is placed 

at (0,0, zS), and the receiver R at (xR, yR , zR) where . Ry >

 In the image-source method, the boundaries of an enclosure are imagined to 

be removed, leaving an infinite number of images behind. Fig. 3.2 demonstrates the 

formation of image sources. The coordinates of the image sources are (0, 0, zn) 

where n = -∞ … ∞. The images are conveniently grouped into matching pairs. A 

typical pair of images is shown in Fig. 3.3. It contains two image sources: Sj and S-j-1, 

where j = 0, 1, …, ∞. The contribution of sound pressure of each pair of images is 

composed of 3 parts, represented by waves traveled through the three paths: the 

direct path (r1), the reflected path (r2), and the diffracted path (r3). The lengths of the 

paths are determined by: 
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jdr =1 , (3.4a)

12 −−= jdr , (3.4b)

and 

222222
3 )()( RDRDRjDD zyyxxzyxr +−+−+++= . (3.4c)

The calculation of dj and d-j-1 is given in Eq. 2.1 with n = j and n = - j - 1 respectively, 

and m = 0. The diffracted path is the shortest distance traveled from the image source 

Sj to the edge of the impedance step, and then to the receiver. The point at which it 

hits the impedance step is called the diffraction point Dj. It has the coordinates of 

(xD , yD, 0), where 
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D
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The reflection point Mj is the position at which the image Sj reflects from the ground 

surface. It has the coordinates of (xM, yM, 0), where  

jR

jR
M zz

zy
y

+
= , (3.6)

 The sound field contributed by the image source can be written as: 

( ) ( ) 1
1

11 −−−− −+−= j
G

r
jijD P

Q
DPDPjP ,  if DM yy < , (3.7a)

and 

( ) ( ) 1
2

11 −−−− ++−= j
G

r
jijD P

Q
DPDPjP ,  if . DM yy > (3.7b)

It is noted that the expression PD(0) is the total sound field in outdoor sound 

propagation with an impedance discontinuity, as given in Eq. (3.1). The diffraction 

coefficients Di and Dr can be obtained from Eq. (3.2). The respective spherical wave 

reflection coefficients QG1 and QG2 are determined by: 
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( )1111 ,, GjjG dQQ βϕ −−−−= , (3.8a)

and 

( )2112 ,, GjjG dQQ βϕ −−−−= , (3.8b)

in which ),,( βϕdQ  is defined in Eq. (2.6). βG1 and βG2 are the respective specific 

normalized admittances of the lower horizontal surface with impedance ZG1 and ZG2. 

 The sound field of an image source Sn is given by: 

n

ikd

CGn d
eQQP

n

π4
= , for n = -∞ … ∞, (3.9)

where QC is the spherical wave reflection coefficient of the upper plane. It can be 

calculated according to Eq. (2.5d) by substituting 0 into m. The values of Pj and P-j-1 

can be obtained from Eq. (3.9) with n = j and n = - j - 1 respectively. The expression 

of QG is the respective spherical wave reflection coefficient of the lower horizontal 

plane which can be determined by: 

( ) ( ) 21
21 ,,,, GG n

Gnn
n

GnnG dQdQQ βϕβϕ ×= . (3.10)

The index nG1 is the number of times the image Sn reflects on the region with 

impedance ZG1, while nG2 is that on the region with impedance ZG2. They can be 

calculated according to: 
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for positive odd n and negative even n, 


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for positive even n and negative odd n, and 
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for odd n, 
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where 

nR

R
n zz

y
−

=Φtan . (3.13)

 Finally, the total sound field can be obtained by the summation of the 

contribution from every image pair, as: 

( )∑
∞

=

=
0j

Dtotal jPP . (3.14)

 

3.3 Diffraction effect 

The diffraction of sound at an impedance discontinuity in outdoor sound propagation 

has been studied widely (see for example Ref. [1]). It was found that the diffraction 

effect was very pronounced at near-grazing incidence if there was only a single 

boundary surface with an impedance discontinuity. In the presence of another 

boundary surface parallel to the first one, Cummings [3 ] suggested that the 

diffraction effect was not important when the frequency was sufficiently high. Indeed, 

Cumming used this configuration to model the attenuation of sound in a duct silencer. 

In this section, the diffraction effect on the prediction of sound field in a 

two-dimensional duct with an impedance discontinuity was explored by extending 

the De Jong model. 

 

3.3.1 The Effects of Diffraction between Two Parallel Planes 

The diffraction effect is first studied by comparing the predicted sound fields with 
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and without the diffraction coefficients (Di and Dr) respectively. The geometry is the 

same as the one shown in Fig. 3.2. The distance between the two horizontal planes is 

4 m. The upper horizontal plane and the region Dyy < of the ground are perfectly 

hard, i.e. ZG1=1. The remaining area of the ground ( ) has an impedance of ZDyy > G2. 

It is assumed from the definition of the diffraction coefficients that the amount of 

change of impedance and the ratio of the area in the two regions are the major factors 

determining their contribution to the prediction results. Therefore, different values of 

effective resistivity are used in the one-parameter model [4] to simulate the 

normalized impedance ZG2. The proportion of the ground with impedance ZG1 and 

ZG2 is also varied in the analysis. 

 The source and the receiver, which are separated by a horizontal distance of 

50 m, are placed at equidistance from the lower and upper horizontal planes (i.e. 2 m 

from the surfaces). This propagation distance is considered long with respect to the 

height of the duct. The geometrical configuration can simulate a ‘near-grazing’ sound 

propagation, since the diffraction effect is known to be significant in the outdoor 

situation of similar source/receiver geometry. Comparisons are made on the 

prediction of excess attenuation to investigate the diffraction effect. The excess 

attenuation is defined as the ratio of the total sound field to the direct field. It is 

already defined in Eq. (2.21). The predictions are made with the set of equations that 

are listed in the previous section. When the diffraction effect is ignored, the 

diffraction coefficients, Di and Dr, equal to 0. Eq. (3.7) can be reduced to: 

( ) 1−−+= jjD PPjP . (3.15)

 Fig. 3.4 compares the excess attenuation when the diffraction effect is 

included (solid line) and excluded (dotted line) correspondingly. The impedance ZG2 

is calculated with an effective flow resistivity of 100 kPa s m-2, 500 kPa s m-2 and 
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1000 kPa s m-2 in the one-parameter model. Generally speaking, a lower value of 

flow resistivity represents a more absorptive surface. The impedance of the ground 

changes at y = 35 m. The diffraction effect is better observed in Fig. 3.4(a) than in 

Figs. 3.4(b) and 3.4(c), but the difference is not significant. The shapes of the two 

curves in Fig. 3.4 are rather similar, except for some differences in the amplitudes at 

certain frequencies. For example, there is a difference of 6 dB at 235 Hz in Fig. 

3.4(a), 10 dB at 390 Hz in Fig. 3.4(b). However, this mismatch in amplitude will be 

averaged out when an octave or a third octave frequency band is concerned. The 

overall differences for the three cases are 0.12 dB, 0.01 dB and 0.02 dB respectively. 

 The percentage of the harder ground is varied in the predictions shown in Fig. 

3.5. The impedance change occurs at y = 10 m, 20 m and 40 m in Figs. 3.5(a), 3.5(b) 

and 3.5(c) respectively. The numerical results represent three different ratios of 

hard/soft ground surfaces, but the effective flow resistivity remains unchanged at 100 

kPa s m-2. The maximum difference is 11.8 dB at 580 Hz in Fig. 3.5(a), 7.5 dB at 580 

Hz and 2220 Hz, 3870 Hz in Fig. 3.5(b), and 16.34 dB at 390 Hz in Fig. 3.5(c). The 

differences are not obvious at other frequencies. The overall differences for the three 

cases are 0.12 dB, 0.17 dB and 0.22 dB respectively. 

 It is demonstrated that the diffraction coefficients do not have a notable 

influence on the computation of the total sound field in a two-dimensional duct. The 

diffraction effect is small and smoothed out after multiple reflections in a long 

enclosure. Though the effect is more pronounced in near-grazing propagation over 

ground, it is not observed in two parallel planes. The sound field has been dominated 

by the multiple reflected waves. As the reflection order of an image increases, it is no 

longer near-grazing incidence. The diffraction effect is not significant in the above 

analysis. Therefore, Eq. (3.7) will be replaced by Eq. (3.15) in subsequent 
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calculations of the total sound field.  

 

3.3.2 Comparison with another numerical model 

In this section, numerical results from the coherent model are compared with those 

computed by the modified Rasmussen integral model [5]. These comparisons serve 

to prove that the ray model can give a reasonable prediction when the diffraction 

effect is ignored.  

 The source and receiver are placed in two parallel horizontal planes, as 

shown in Fig. 3.6 (Fig. 4.6 in Ref. 3). The heights of the source and receiver are 1 m 

and 0.5 m respectively. They are separated horizontally by a distance of 2 m. In Fig. 

3.6(a), the enclosure has impedance boundaries at the first 1 meter, and hard 

boundaries at the next meter. The positions of the boundaries are reversed in Fig. 

3.6(b): the two-dimensional duct has hard boundaries at the first 1 meter, and 

impedance boundaries in the next meter. The impedance of the surface is 

characterized by Attenborough’s two-parameter model [6]. The effective flow 

resistivity and the effective rate of change of porosity with depth are 120 kPa s m-2 

and 100 m-1 respectively.  

 Fig. 3.7 shows the comparison of the predicted excess attenuation 

corresponding to the geometry in Fig. 3.6(a). The prediction with the modified 

Rasmussen integral model is given in Fig. 3.7(a) (Fig. 4.5c in Ref. 3), and that with 

the proposed coherent model is given in Fig. 3.7(b). The results calculated with the 

two models are very similar. Another set of data regarding the duct geometry in Fig. 

3.6(b) is shown in Fig. 3.8. The predictions from the two models are very much alike, 

except for some mismatch at 750 Hz and 3100 Hz. 

 A major reason for the difference in prediction is the choice of parameters in 
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the corresponding formulation, since the two models are based on different 

approaches. However, it is enlightening to find that the results are similar, even when 

diffraction effect has been ignored in the coherent model. This has reduced the 

complication of computation, while the essential phase information is retained.  

 

3.4 Single impedance discontinuity in a long enclosure 

3.4.1 Theory 

The coherent model will be extended to the case of a long enclosure with a 

rectangular cross-section. The diffraction effect is assumed to be unimportant, and is 

ignored in the computation. The geometry of the long enclosure is shown in Fig. 3.9. 

It is similar to the one in Fig. 2.1, except for an impedance change from ZG1 to ZG2 at 

 on the lower horizontal surface. It means that the region Dyy = Dyy <  on the 

lower plane has an acoustic impedance of ZG1, and that of the region  is ZDyy > G2. 

The left and right vertical planes and the upper horizontal planes have impedance of 

ZL, ZR, ZC respectively. The source S0 is placed at (xS,0, zS), and the receiver R at 

(xR, , yR , zR), where . DR yy >

 In the image-source method, the walls of an enclosure are assumed to be 

removed, leaving an infinite number of images behind. The cross-section of the 

plane of virtual images can be found in Fig. 2.2. The coordinates of the image 

sources are (xm, 0,zn) where m, n = -∞ … ∞. The contribution of sound field from 

the image Sm,n can be written as: 

nm

ikd

CGRLnm d
eQQQQP

nm

,
, 4

,

π
= , for m, n = -∞ … ∞, (3.16)

where ),,( βϕdQ  is defined in Eq. (2.6). βG1 and βG2 are the normalized 
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admittances of the lower horizontal surface with impedance ZG1 and ZG2 respectively. 

 The expression of the spherical wave reflection coefficients for the four 

boundaries can be found in Eq. (2.5), except for QG which is now changed to: 

( ) ( ) 21
2,,1,, ,,,, GG n

Gnmnm
n

GnmnmG dQdQQ βϕβϕ ×= . (3.17)

The index nG1 is the number of times the image Sm,n reflects on the region with 

impedance ZG1, while nG2 is that on the region with impedance ZG2. They have been 

defined in Eq. (3.12) and Eq. (3.13) respectively. Finally, the total sound field can be 

obtained by the summation of the contribution from every image pair, as: 

∑ ∑
∞

−∞=

∞

−∞=

=
m n

nmtotal PP , . (3.18)

For the case of sound propagation in two parallel planes, the above formulation can 

be employed by substituting 0 into m.  

 The impulse response of sound pressure is computed by taking the inverse 

Fourier transform of the frequency response. The decay curve is then generated 

by a reverse-time integration of the squared impulse response. Reverberation time 

and speech transmission index can be obtained according to the procedures 

described in Chapter 2. 

 

3.4.2 Experimental validation 

Since the diffraction effect is excluded, the incoherent model can also be used 

straightforwardly. One of the major tasks is to determine the number of times an 

image hits the boundaries with different absorption coefficients. In this section, 

experimental results are presented to validate the proposed coherent model. The 

predictions from the incoherent model are also displayed to make a comparison of 

the two approaches. Data were collected from experiments in two model tunnels. 
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3.4.2.1 Model corridor in anechoic chamber 

Measurements were made in a 4.8-metre-long model corridor in the anechoic 

chamber. The corridor was made up of hard plywood. The boundaries were assumed 

to be rigid, or perfectly hard. The cross-sectional area was 0.8 ×1.2 m2. Another set 

of experiment was conducted in the same model corridor, and the results were 

presented in Section 2.3.3. A Tannoy driver fitted with a tube of length 1 m was used 

as a point source. The receiver used in the measurement was a B&K prepolarized 

diffuse field ½ in. condenser microphone of type 4942, fitted with a B&K Deltatron 

Pre-amplifier of type 2671. The PC-based maximum length sequence system 

analyzer (MLSSA) was again used as the signal generator for the source and as the 

analyzer for subsequent data processing. The source and receiver were set at 0.13 m 

and 0.67 m above ground respectively. 

 At the beginning of the experiment, the entire lower horizontal plane was 

covered with a 3-cm thick layer of fiberglass. The impedance of the fiberglass had 

been characterized in Chapter 2 (Fig. 2.16(a)). The excess attenuation was calculated 

according to the one-parameter model with a hard-backed layer [7]. The best-fit 

parametric value for the effective flow resistivity was 40 kPa s m-2. The absorption 

coefficient of the fiberglass used in the incoherent model was measured with the 

impedance tube. The results were shown in Fig. 2.16(b). The sound pressure levels at 

different positions of the source and receiver were measured. Afterwards, only part 

of the surface was covered with fiberglass, so that yD = 1.8 m. The geometric 

configuration of the corridor could be referred to Fig. 3.9. The impedance of the 

fiberglass was represented by ZG2. A photograph of the model corridor was shown in 

Fig. 3.10. The rest of the boundary surfaces were acoustically hard. The sound 

pressure levels at the same positions were measured again. The relative SPL was 
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defined as the SPL when the plane was entirely covered with fiberglass, with 

reference to the SPL when only part of the surface was covered with fiberglass.  

 Fig. 3.11 showed the relative SPL when the source and receiver were 

separated by 2 m, 2.5 m, 3 m and 3.5 m respectively. The source was placed 0.2 m 

from one of the vertical walls, and the receiver was placed equidistant to both walls. 

Predictions from the coherent model are compared with those from the incoherent 

model, and with the measurements. It is found that the coherent prediction can give 

an accurate approximation of the measurements. There is an obvious dip at 630 Hz 

in Fig. 3.11(b), and one at 800 Hz in Fig. 3.11(d). The coherent model can predict the 

positions of the dips accurately. The figure shows that when the entire plane is 

covered with fiberglass, it gives an extra noise reduction up to 10 dB, in a particular 

frequency range. The idea of noise reduction will be discussed in more detail in the 

next section. The average error of the coherent model is 1.19 dB, and that of the 

incoherent model is 3.17 dB.  

 Fig. 3.12 shows the measured and predicted EDT spectra at two other 

source-receiver locations. Fluctuations of EDT due to interference effect are 

observed. In Fig. 3.12(b), the model can predict the down slope between 250 Hz and 

500 Hz, followed by a peak at 630 Hz as well. The average error of the coherent 

model is 0.1 s. On the other hand, the incoherent prediction is simply a straight line. 

Interference effects can not be approximated by the incoherent model.  

 Some discrepancies between the measurements and predictions are found in 

Fig. 3.11 and 3.12. One major factor is the insufficient length of the corridor. The 

edge of both ends may have diffraction and scattering effects on the sound field in 

the corridor. Another factor is the unleveled junction between the fiberglass and the 

plywood. Slight difference in the height of the two materials at the meeting junction 
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is inevitable in the experiment. This can bring extra scattering which affects the 

sound field. Results obtained at other source-receiver combinations are similar to 

those in Figs. 3.11 and 3.12. They are not shown here for concision. In the next 

section, a model tunnel of greater length is used to investigate the proposed 

theoretical model.  

 

3.4.2.2 Model tunnel 

Experiments were conducted in another model tunnel with an internal cross-sectional 

area of 1.16 × 1.46 m2. Its length was about 27 m, with an anechoic termination at 

one end. The inner surfaces were made of gypsum board. By comparing the 

measured and predicted excess attenuation as mentioned before, it was found that the 

gypsum board could be treated as perfectly hard. The same set of equipment as 

before was used, except for the source. Here a Renkus-Heinz PN61 loudspeaker was 

used as the source. The heights of the source and receiver were 0.2 m and 0.5 m 

respectively. Fig. 3.13 shows the inside of the model tunnel near the place of 

impedance discontinuity.  

 The source and receiver were placed at different positions, and the sound 

pressure level, EDT and STI were measured. The measured and predicted EDT 

spectra are compared in Fig. 3.14. For the data shown in Fig. 3.14(a), the source and 

receiver are placed at the centerline, i.e., 0.58 m from both vertical walls. They are 

separated by 16 m, and the impedance discontinuity occurs at 10 m. The downward 

slop between 250 Hz and 500 Hz, and also the trend between 500 Hz and 1000 Hz, 

are predicted by the coherent model. The coherent predictions are also close to the 

measurements at other frequency bands. 

 In Fig. 3.14(b), the source-receiver distance is 10 m, and the impedance 
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changes at y = 7 m. The coherent model gives an accurate prediction of the shape 

from 250 Hz to 2000 Hz. The predictions from the incoherent model cannot predict 

the trend of the EDT spectra. It only gives an average value of the EDT. The results 

from the two models are close at frequency bands above 2000 Hz. The average error 

of the coherent model is 0.15 s. 

 In another set of measurements, the separation between the source and 

receiver is fixed at 10 m. Both of them are placed at a distance of 0.2 m from one of 

the vertical boundaries. The portion of the ground covered with fiberglass is altered. 

The discontinuity position yD ranges from 1 m to 9 m. Fig. 3.15 shows the relative 

SPL when the lower horizontal plane between the source and receiver are covered 

with different portions of fiberglass. Note that 10 % of harder surface means yD = 1 

m. Relative SPL is defined in this case as the SPL taken when the ground was partly 

covered with fiberglass, with reference to the SPL taken at the same positions with 

rigid ground. The results at frequency bands of 200 Hz, 400 Hz, 1250 Hz and 1600 

Hz are shown. In Fig. 3.15(a), there is a good fit of data by the coherent model from 

10 to 50 % of hard ground. In Figs. 3.15(b), 3.15(c) and 3.15(d), the coherent 

predictions follow the trend of how the relative SPL varies with the change of 

percentage of hard ground. The relative SPL is directly proportional to the 

percentage of hard ground. When the coverage of fiberglass increases, the relative 

SPL decreases, indicating the sound attenuation caused by the absorption material. 

This phenomenon is also shown in the incoherent prediction, but it is not as close to 

the measurement data as the coherent model. The average errors of the coherent and 

incoherent models are 1.83 dB and 3.14 dB respectively. 

 The STI was also measured in the experiments. The source and receiver were 

moved to the centerline, i.e., 0.58 m from the vertical walls. The distance between 
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them remained to be 10 m. The STI was measured while varying the portion of 

fiberglass placed between the source and receiver. Since the power of the source was 

sufficient, the signal-to-noise ratio was high enough that its effect on the STI was 

ignored. The measured STI at 500 Hz and 2000 Hz are compared with predictions in 

Figs. 3.16(a) and 3.16(b) respectively. The predictions by the coherent model match 

reasonably well with the measured data. In Fig. 3.16(a), the STI decreases slightly 

with the increase of the percentage of hard ground. It means that the speech 

intelligibility has become better when more absorption material is introduced. The 

predictions by the two models are close to each other in Fig. 3.16(b). The average 

error of the coherent model is 0.07. The predictions can also give a good 

approximation at other frequency bands, but they are not shown here for brevity. 

 

3.5 Conclusions 

A theoretical model for the prediction of sound field in two parallel horizontal planes 

with an impedance discontinuity has been introduced. The diffraction term described 

in the De Jong model was incorporated into the coherent model. Analysis was to 

study the diffraction effect on the computation. Comparisons were made with 

predictions from another theoretical model. It was shown that diffraction at the point 

of impedance change was not important in the prediction of the sound field. When 

the diffraction coefficients were ignored, the formulation was simplified and the 

computational time was greatly shortened.  

 The coherent model was then extended to account for the case of sound 

propagation in a long enclosure with a single impedance discontinuity. It had been 

validated by experiments. It was demonstrated that the coherent model yielded 

results that were in excellent agreement with the experimental data collected, even 
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when the diffraction at the impedance discontinuity was ignored. The accuracy of the 

coherent model was shown to be greater than that of the incoherent model, because 

the mutual interference between the source and the receiver had been included. 

Applications of the coherent model will be presented in the next chapter.
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Figures 
 

 
 

FIG. 3.1: Diffraction at impedance discontinuity. 
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FIG. 3.2: Formation of images in two parallel horizontal planes.
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FIG. 3.3: An image pair. 
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FIG. 3.4: Comparison of excess attenuation. Solid line: prediction with diffraction 

term; Dotted line: prediction without diffraction term. 

Source at (0, 0, 2), receiver at (0, 50, 2), yD = 35 m. 

(a) σe = 100 kPa s m-2 

(b) σe = 500 kPa s m-2 

(c) σe = 1000 kPa s m-2 

 
 

 84



 
FIG. 3.5: Comparison of excess attenuation. Solid line: prediction with diffraction 

term; dotted line: prediction without diffraction term. 

Source at (0,0,2), receiver at (0, 50, 2), σe = 100 kPa s m-2. 

(a) yD = 10 m; 

(b) yD = 20 m; 

(c) yD = 40 m. 
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(a) 

Receiver
Source 

 
 
 

 
(b) 

Receiver
Source 

    
FIG. 3.6: Different duct geometries.  

(a) Impedance boundaries at first 1 m and hard boundaries at next 1 m. 

(b) Hard boundaries at first 1 m and impedance boundaries at next 1 m.  
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(a) 

 
(b) 

 

FIG. 3.7: Plot of excess attenuation for the duct geometry in FIG. 3.6(a).  

(a) Prediction from Chan’s model (FIG. 4.5c in Ref. 3); 

(b) Prediction from the coherent model. 
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(a) 

 
(b) 

 FIG. 3.8: Plot of excess attenuation for duct geometry in FIG. 3.6(b). 

(a) Prediction from Chan’s model (FIG. 4.5d in Ref. 3) 

(b) Prediction from the coherent model.
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(a) 

 

 
(b) 

 
  FIG. 3.9: Long enclosure with single impedance discontinuity. 

(a) Cross-section; 

(b) Side view. 
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FIG. 3.10 The model corridor with a single impedance discontinuity.
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FIG. 3.11: Comparison of measured and predicted relative SPL in model corridor in 

anechoic chamber. Source height = 0.13 m, receiver height = 0.67 m, 

impedance discontinuity at 1.8 m.  

 Measurement:  ; Coherent prediction:  ; Incoherent prediction: . 

Source-receiver distance: (a) 2 m, (b) 2.5 m, (c) 3 m, (d) 3.5 m. 
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FIG. 3.12:  Measured and predicted EDT spectra in model corridor in anechoic 

chamber. Change of impedance at y = 1.8 m.  

 Measurement:  ; Coherent prediction:  ; Incoherent prediction: . 

(a) Source at (0.2, 0, 0.13), receiver at (0.2, 2, 0.67); 

(b) Source at (0.2, 0, 0.13), receiver at (0.4, 2.5, 0.67). 
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FIG. 3.13: The loud speaker placed inside the model tunnel with a single impedance 

discontinuity.
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FIG. 3.14: Measured and predicted EDT spectra in model tunnel.  

Measurement: ; Coherent prediction: ; Incoherent prediction: . 

 (a) Source at (0.58, 0, 0.2), receiver at (0.58, 16, 0.5), yD=10 m; 

 (b) Source at (0.2, 0, 0.2), receiver at (0.2, 10, 0.5), yD=7 m. 
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FIG. 3.15:  Comparison of measured and predicted relative SPL at different 

percentage of harder surface on the ground.  

 Source at (0.2, 0, 0.2), receiver at (0.2, 10, 0.5).  

 Measurement: ; Coherent prediction: ; Incoherent prediction:  

(a) 200 Hz; 

(b) 400 Hz; 

(c) 1250 Hz; 

(d) 1600 Hz. 
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FIG. 3.16: Comparison of measured and predicted STI at different percentage of 

fiberglass coverage. Source at (0.58, 0, 0.2), receiver at (0.58, 10, 0.5).  

 Measurement: ; Coherent prediction: ; Incoherent prediction:  

(a) 500 Hz; 

(b) 2000 Hz.  
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Chapter 4 

Optimal positioning of sound absorption 

material in a long enclosure 

4.1 Introduction 

A theoretical model for the prediction of sound field in a long enclosure with an 

impedance discontinuity was described in Chapter 3. It was shown that the diffraction 

effect was not important and could be ignored in the computation. In this way, the 

calculation procedure would be greatly simplified, but the phase information was still 

included.  

 Noise abatement is another main objective of this research. One of the popular 

means of noise attenuation is the installation of sound absorption materials. It is 

generally agreed that when the area of the sound absorption material increases, the 

amount of noise attenuation also increases. However, when the area of the absorption 

material remains the same, its location and the pattern in an enclosure will have an 

effect on the sound absorption efficiency. In this chapter, the reduction of noise in a 

long enclosure by the sound absorption materials will be studied first, with the help of 

the proposed theoretical model. The improvement of speech intelligibility by the 

installation of sound absorption materials will be examined in the second part of this 

chapter. 
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4.2 Strategic positioning of sound absorption materials 

Kang studied the sound attenuation in long enclosures by computer simulation with 

the incoherent model [1]. He suggested that the absorbers should be evenly arranged 

in a section in order to obtain a higher attenuation. In his analysis, the sound 

absorption materials were located on the entire length of the long enclosure. There 

was no change of impedance on the four boundaries. He also highlighted that the 

angle dependence of absorption coefficients, which was not included in his prediction 

model, was an important factor. In this section, the coherent model will be used to 

study the effect of the location of sound absorption materials on their performance in 

a long enclosure. The angle dependent absorption coefficient and the boundaries with 

mixed impedance will be considered. 

 

4.2.1 Effect of the pattern of sound absorption material on noise 

reduction 

First the effect of the pattern of the sound absorption material will be investigated. A 

fixed amount of sound absorption material is placed on the lower horizontal plane in 

an imaginary long enclosure. A layer of 3-cm thick fiberglass is chosen to represent 

the sound absorption material. The impedance of the fiberglass has been characterized 

in Chapter 2 (Fig. 2.16(a)). The spherical wave reflection coefficient is computed with 

the one-parameter model with a hard-back layer [2]. The effective flow resistivity is 

40 kPa s m-2. Results are presented in terms of noise reduction. It is the difference 

between the predicted sound pressure level with (SPLW) and without (SPLW/O) the 

lining of fiberglass: 

./ OWW SPLSPLNR −=  (4.1)

 The width and the height of the long enclosure are 6 m and 4 m respectively. The 
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source and receiver are placed inside the enclosure and separated by 50 m. The 

fiberglass covers 40% of the ground area between the source and the receiver. There 

are five different locations of the fiberglass, as shown in Fig. 4.1. The fiberglass is 

divided into two strips in Figs. 4.1(c) and 4.1(e). The other three boundaries are 

modeled as perfectly hard. 

 The sound pressure levels predicted in the five scenarios with reference to that 

for completely hard ground are shown in Fig. 4.2. The performance of the fiberglass 

in cases A and B are identical. The curves of the noise reduction obtained are exactly 

the same. The five cases show similar results below 400 Hz. Case C yields an extra 

reduction of 1 dB at 50 – 80 Hz, and a sudden drop of sound pressure level at 500 Hz. 

Results of cases C and D are similar above the frequency band of 630 Hz. However, it 

is obvious that the other three cases give an extra reduction of 2 to 3 dB at this 

frequency range. 

 The noise reduction expressed in A-weighted SPL for cases A to E are -10.8 

dB(A), -10.8 dB(A), -8.1 dB(A), -10.7 dB(A) and -8.1 dB(A) respectively. It is seen 

from this preliminary analysis that the fiberglass achieves higher noise reduction 

efficiency when it is placed in a continuous length, instead of dividing into two sheets. 

Moreover, the exact location of a certain amount of absorption material in the 

enclosure is not important. Further analysis can be made by placing absorptive 

materials at the junction of two boundaries. 

 

4.2.2 Effect of the amount of sound absorption material on noise 

reduction 

It is generally believed that an increase in the area of sound absorption material will 

cause a higher level of noise reduction in a room. However, Boulanger et al. [3] 
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examined the propagation of sound over mixed impedance ground and got a different 

result. They found that the frequency of the first dip of the excess attenuation was 

predicted to be highest at approximately 70% hard surface cover rather than the 

expected 100%. In this section, the effect of the amount of sound absorption material 

on noise reduction in a long enclosure will be studied with the predictions from the 

coherent model. 

 Three different cases will be explored in this section. The geometry of the 

imaginary long enclosure in Case 1 is identical to the one shown in Fig. 3.9. The 

ground of the long enclosure is partly covered with fiberglass (see Fig. 4.1(a)). In the 

second case, the ceiling of the long enclosure is also lined with sound absorption 

material. In the third case, only the ground and the left vertical wall are covered with 

sound absorption material. The cross-section of the long enclosure in the three 

scenarios is shown in Fig. 4.3. The distance between the source and receiver is 50 m. 

 The noise reduction spectra for Case 1 are plotted in Fig. 4.4. For the ease of 

comparison, not all the spectra from 10 % to 100 % of fiberglass coverage are shown 

in Fig. 4.4. The results obtained from the different cases are similar below frequency 

bands of 160 Hz. Above that frequency range, the noise reduction effect is very 

significant when the fiberglass coverage changes from 10 % to 20 %. There is almost 

a double of the reduction in SPL. Between 30 % to 50 % coverage, the predicted 

results are similar. Further reduction is obtained at 60 % coverage. It is interesting to 

find that between 800 Hz and 4000 Hz the noise reduction at 70 % coverage of 

fiberglass is close to that at 100 % coverage. This is due to the interference effects of 

the direct and reflected waves. When the fiberglass coverage is increased to 80 %, the 

result is similar to that at 60 %. 

 Different results are yielded when the fiberglass is lined on the ground and the 
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ceiling in Case 2. Fig. 4.5 shows the corresponding noise reduction spectra. Maximum 

noise reduction is found at 100 % fiberglass coverage, whereas the performance of 60 

% and 70 % fiberglass coverage are similar now. Dips are found at 80 % and 100 % 

coverage between 250 Hz and 1000 Hz. There is no significant extra noise reduction 

observed when compared to Case 1. It shows that extra lining of fiberglass on the 

ceiling does not have a significant effect on the noise reduction. The noise reduction 

caused by the lining of fiberglass on the horizontal planes has almost reached the 

maximum observable value. 

 In the last case the fiberglass is modeled to be placed on the ground and the left 

vertical wall. The predicted noise spectra for the different percentages of fiberglass 

coverage are shown in Fig. 4.6. The trend of the curves is similar to that in Fig. 4.4, 

but the amount of noise reduction has been greatly increased. Noise reductions for 

frequencies above 1250 Hz at 70 % and 100 % fiberglass coverage are similar. The 

performance of fiberglass coverage of 60 % is also marginally better than that of 80 % 

in this frequency range. 

 A comparison of the noise reduction of the three cases, expressed in A-weighted 

SPL, is given in Fig. 4.7. The amount of noise reduction is directly proportional to the 

amount of fiberglass lining in Case 2. However, noise reduction at 70 % fiberglass 

coverage is found to be similar to that at 100 % coverage in Case 1 and Case 3. 

Furthermore, the noise reduction at 60 % fiberglass coverage is marginally higher 

than that at 80 % in these two cases. This is an example to demonstrate that when a 

sufficiently large amount of sound absorption material is used, extra insertion of such 

materials will not necessarily lead to an observable increase in noise reduction. On 

the other hand, when the fiberglass is to be lined on two boundary surfaces to increase 

the noise reduction, it is recommended to place them on planes perpendicular to each 
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other. It is surprising to find that the performance of the fiberglass is generally worse 

in Case 2 than in Case 1. This is due to interference effects, which will not be 

observed in the incoherent model. When the fiberglass is placed on perpendicular 

surfaces, as in Case 3, the noise reduction obtained is almost double of that in Case 1. 

 The performance of the installation of other kinds of sound absorption material 

can also be studied with the coherent model. An example of the lining of carpet will 

be discussed here. The impedance of the carpet is characterized by Attenborough’s 

two-parameter model [4]. The effective flow resistivity and the change of porosity 

with depth are 200 kPa s m-2 and 50 m-1 respectively. The left vertical wall and the 

ground are covered with carpet (but the question of feasibility will not be discussed 

here). The coverage ranges from 10 % to 100 % of the area between the source and 

the receiver as before. The predicted noise reduction spectra are shown in Fig. 4.8(a). 

As the percentage of fiberglass coverage increases, the amount of noise being reduced 

is increased correspondingly. It gives a more regular pattern than the results shown in 

Fig. 4.6, in which the surfaces were covered with fiberglass. The noise reduction in 

A-weighted SPL is shown in Fig. 4.8(b).  

 It has been shown in this section that an optimization of the pattern and the 

amount of the sound absorption material can be carried out with the coherent 

prediction model.  In the above examples, a layer of 3-cm thick fiberglass was 

chosen as the absorptive material. The results show that it has little effect on 

low-frequency sound. The fact is that low-frequency sound contributes little to the 

A-weighted sound pressure level and the computation of STI. In general, a suitable 

kind of sound absorption material can be chosen by comparing the noise reduction 

spectra and the A-weighted SPL. For example, if there is a need to reduce noise in the 

low-frequency region effectively, a much thicker layer of fiberglass can be applied. 
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4.3 Improvement on speech intelligibility 

4.3.1 Effect of noise on the prediction of STI 

As described in Chapter 2, the coherent model provides a better alternative for the 

prediction model of reverberation time and speech transmission index, which are the 

governing factors for speech intelligibility in an enclosure. A design target of speech 

intelligibility in terms of reverberation time and STI in long enclosures, such as train 

stations and long corridors, can be achieved by different methods with the help of the 

proposed coherent model.  

In the previous experimental validation of the coherent model, the 

signal-to-noise ratio is generally over 20 dB. The term in square brackets of Eq. (2.16) 

approaches 1. It means the effect of interfering noise on the prediction of STI is 

negligible. Therefore, Eq. (2.17) has been used in the previous calculations. The 

overall STI is the weighted average of the values at the seven frequency bands from 

125 Hz to 8000 Hz. However, the signal-to-noise ratio is not always high in reality. 

Either the source is not powerful enough, or the noise level is overwhelming when 

compared to the source. When the signal-to-noise ratio is small, it becomes an 

significant factor and must be included in the prediction model.  

The effect of noise on the prediction of STI will be discussed with an example. 

When noise is excluded from the model, the coherent prediction of STI in the corridor 

in Section 2.3.3 is 0.7 at a source-receiver distance of 10 m. If the signal-to-noise ratio 

is small, Eq. (2.16) should be used to predict STI at the seven octave bands instead. In 

fact, the S/N ratios do not always share the same values at the seven octave bands. For 

example, the noise produced by people talking and that by a running train in an 

underground train station belong to different frequency bands, and they have different 

noise levels as well.  
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The determination of STI under the condition which the S/N ratios are 

different at the seven octave bands will be described here. The background noise level 

is taken in a building corridor. The main source of the noise comes from the 

air-conditioning system, which is typical in offices and classrooms. When the signal 

level is tuned down, the S/N ratios from 125 to 8000 Hz in octave bands are -7.8 dB, 

3.4 dB, 9.7 dB, 16.4 dB, 15.7 dB, 17.3 dB and 18.9 dB respectively. The octave band 

STI can be found from the first seven curves in Fig. 4.9 according to the S/N ratios. 

They are represented by crosses in the figure. The seven values are then weighted and 

averaged to give a final STI, which is 0.59 in this case.  

 If the S/N ratios at the seven octave bands are the same, the curve of the 

overall STI versus S/N ratio can be plotted, as shown in Fig. 4.9. It increases with the 

S/N ratio. When the S/N ratio is high, e.g. over 20 dB, the STI value becomes steady. 

On the other hand, when the S/N ratio equals to zero, the overall STI is just above 0.4, 

indicating poor speech intelligibility. One can easily identify the expected speech 

intelligibility at different noise conditions from the curves in Fig. 4.9. This provides 

essential information for considering possible acoustic treatments with respect to 

real-life conditions. It is also demonstrated that an accurate prediction of STI at the 

octave bands is crucial when the S/N ratios at the seven frequency bands are not the 

same in reality. 

 

4.3.2 Improvement of STI and EDT 

It is known that the early decay of a long enclosure governs the STI. In this section, 

the improvement of the arrangement of absorption material on STI and EDT will be 

studied. The three cases in the previous section will be investigated. 

 For Case 1 and 2 in Fig. 4.3, the improvement in the speech intelligibility is not 
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obvious. When the fiberglass is placed on areas of the perpendicular surfaces in Case 

3, there is a significant improvement in both the STI and EDT. The reduction in EDT 

for different percentage of fiberglass coverage is shown in Fig. 4.10(a). The 

performance of 80 % coverage is close to that of 100 %. The maximum reduction of 

EDT is over 2 s at 800 Hz. The amount of reduction in EDT varies for different 

frequency bands, particularly favorable to the high frequency region. Fig. 4.10(b) 

demonstrates the reduction of EDT by covering parts of the two boundary surfaces 

with carpet. The maximum reduction in EDT is 1.2 s at 2500 Hz with the surfaces 

totally covered with carpet. When the requirement of EDT in a long enclosure is 

known, the amount of absorption material can be determined from these graphs 

accordingly. 

 The improvement of STI by the installation of absorption material is shown in 

Fig. 4.11. The surfaces of the left vertical wall and the ground are lined with fiberglass 

and carpet in Fig. 4.11(a) and Fig. 4.11(b) respectively. It is found that the lining of 

these sound absorption materials favors the high frequency region. There is only a 

slight increase of STI at 125 Hz in both figures. Between 500 Hz and 4000 Hz, the 

change in STI increases with the fiberglass coverage in Fig. 4.11(a). The improvement 

is over 0.5 at 2000 Hz and 4000 Hz when the fiberglass coverage reaches 40 %. This 

change will bring a significant improvement in the overall value of STI. It is 

illustrated in Fig. 4.11(b) that the improvement in STI is directly proportional to the 

increase in the coverage of fiberglass. The performance of the fiberglass is 

significantly higher than that of the carpet. However, the choice of absorption material 

depends not only on its performance, but also on its cost and the feasibility of 

installation in different enclosures.  
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Figures 

 

 FIG. 4.1: Different geometries in long enclosure for five cases: 

(a) Case A 

(b) Caes B 

(c) Case C 

(d) Case D 

(e) Case E 
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FIG. 4.2: Plot of relative SPL in a long enclosure with five different patterns of sound 

absorption material. 

(a) Case A 

(b) Caes B 

(c) Case C 

(d) Case D 

(e) Case E 
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 FIG. 4.3: Cross-sectional view of the long enclosure for the three cases. 

(a) Case 1 

(b) Case 2 

(c) Case 3 
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FIG. 4.4: Plot of noise reduction spectra in a long enclosure with the ground covered 

with different percentage of fibreglass (Case 1). 
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FIG. 4.5: Plot of noise reduction spectra in a long enclosure with the ground and 

ceiling covered with different percentage of fibreglass (Case 2). 
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FIG. 4.6: Plot of noise reduction spectra in a long enclosure with the ground and the 

left vertical wall covered with different percentage of fibreglass (Case 3). 
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FIG. 4.7: Noise reduction in A-weighted SPL. 
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(a)  

(b)  

FIG. 4.8: Noise reduction in a long enclosure with the ground and the left vertical 

wall covered with different percentage of carpet (Case 4). 

(a) Noise reduction spectra; 

(b) Plot of noise reduction in A-weighted SPL. 
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FIG. 4.9: Plot of STI against S/N ratio: source-receiver distance = 10 m. 

 Cross (x): STI value at each octave band determined by the corresponding 

S/N ratio. 
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(a)  

(b)  

FIG. 4.10: Improvement in EDT at different fibreglass coverage. 

(a) Coverage of fibreglass on two surfaces; 

(b) Coverage of carpet on two surfaces. 
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(a)  

(b)  

FIG. 4.11: Improvement in STI with lining of sound absorption material on two 

boundaries. 

(a) Coverage of fibreglass on two surfaces; 

(b) Coverage of carpet on two surfaces. 
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Chapter 5 

Concluding Remarks 

5.1 Conclusions 

The contents of this research are summarized in this chapter. The study of noise 

reduction in long enclosures, such as tunnels, underground stations and long corridors, 

begins with the examination of sound characteristics in these spaces. It is known that 

the sound field in a long room is not diffuse, and that the classic theory of room 

acoustics is not applicable. 

 In the first part of the thesis, the coherent model, or the complex image model, 

has been extended to predict the reverberation time and the speech transmission index 

in a long enclosure. The numerical model is based on an image-source method, and 

geometrically reflecting boundaries are considered. An approximate analytical 

solution is used to predict the frequency response of the sound field. This method is 

different from the previous energy-based models in which the interference effects 

between the direct and reflected waves are included. Furthermore, the 

angle-dependence of reflection coefficients of the boundaries and the change of phase 

upon reflection are incorporated in the coherent model. Due to relatively long distance 

of sound propagation, the effect of atmospheric absorption is also considered. The 

impulse response is generated by applying the inverse Fourier transform on the 

frequency response. The decay curve is obtained by a reverse-time integration of the 

impulse response. The reverberation time is determined from the decay curve. 
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Subsequent calculations are performed on the impulse response to deduce the speech 

transmission index accordingly. 

 Experiments have been carried out in three sites to validate the coherent model in 

the prediction of reverberation time and speech transmission index. The first one is 

the western harbour tunnel. The boundaries of this tunnel are perfectly hard. The 

second one is a corridor in the department of mechanical engineering in the Hong 

Kong Polytechnic University. The ceiling and the ground are impedance boundaries, 

and the vertical walls are rigid. The third one is a model tunnel made with hard 

plywood. It is set up in the anechoic chamber. The lower horizontal ground is covered 

with fibreglass. The source and receiver are placed at different positions in the 

experimental sites. The measured data are compared with the predictions from the 

coherent and incoherent models. Results suggest that the coherent model can give 

more accurate approximations. Interference effects are observed and predicted. 

 Since the impulse response is obtained by inverse Fourier transform of the 

predicted sound field, the number of data in the single frequency increases from low 

to high frequency bands, which means the computational time will also increase. The 

advantage of the coherent model can also be observed better in narrow band analysis, 

as the number of frequencies included in each band increases with the width of the 

band, and the interference effects might be averaged out and become less significant. 

Considering the computational time and the significance of the interference effects, 

the coherent model is therefore preferable in narrow band analysis, and in low 

frequency regions. It has also been demonstrated that the spherical wave reflection 

coefficient should not be replaced by the plane wave reflection coefficient, especially 

in cases of long source-receiver distance and enclosures with relatively soft 

boundaries, and in low frequency ranges. 
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 The lining of sound absorption materials on boundary surfaces is a common 

practice of noise reduction. However, it will not be economical, nor can it achieve 

maximum efficiency, if the sound absorption materials are installed on the entire 

length of an enclosure. It is necessary to optimize the pattern, the amount, and the 

location of the absorption materials. Therefore, the coherent model is modified to 

consider the existence of impedance discontinuity on the boundary surfaces in the 

second part of this thesis. A single change of impedance in a two-dimensional duct is 

focused as the fundamental study of the problem. The diffraction term described in 

the De Jong model is incorporated into the coherent model to account for the 

diffraction at the impedance discontinuity. Analysis is made to examine the impact of 

diffraction on the computation. The diffraction effect at the impedance discontinuity is 

shown to be insignificant, and it is ignored in the formulation. Results obtained from 

the modified theoretical model are compared with those from another numerical 

model which is based on an integral method. Only slight discrepancies are found.  

 Investigation is then moved on to a rectangular long enclosure with the 

assumption that the diffraction effect is not important. A set of equations are 

developed on the basis of the coherent model to predict the noise reduction and 

acoustic indices (EDT and STI) in a long enclosure with impedance discontinuities. 

The formulation is similar to that introduced in Chapter 2, except for the 

determination of the spherical wave reflection coefficients corresponding to the 

regions of different impedance values. It is necessary to find out the number of times 

an image reflects from the surface regions. In order to validate the numerical model, 

two model tunnels of different sizes are set up: one in the anechoic chamber and the 

other in a remote area. Experiments are conducted in the scale models by varying the 

position of the change of impedance on the lower horizontal plane. The coherent 
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model produces results in excellent agreement with experimental data collected, even 

when the diffraction at the impedance discontinuity is ignored. The accuracy of the 

coherent model is shown to be greater than that of the incoherent model, because the 

mutual interference between the source and the receiver has been included.  

 The verified coherent model is then used as a tool to investigate the optimal 

positioning of sound absorption material in a long enclosure. Several cases in an 

imaginary long enclosure are presented as examples to show how to determine the 

location with the numerical model. First, a fixed amount of fibreglass is lined on five 

different positions of the ground of the enclosure. The fibreglass is separated as two 

portions in two cases. The levels of noise reduction in these five cases are compared. 

It is found that when the amount of absorption material is fixed, a continuous lining 

can give a better performance rather than cutting them into two pieces. Next, the 

boundaries of the long enclosure are lined with different amount of sound absorption 

materials. The fibreglass and the carpet are chosen as examples of sound absorption 

materials. It is surprising to find that an increase in the amount of absorption material 

does not necessarily mean a higher degree of noise reduction. Moreover, 

perpendicular boundaries are preferred to parallel planes when the absorption material 

can be installed on two surfaces. 

 Finally, the installation of sound absorption material for the improvement of 

speech intelligibility is investigated. The effect of noise on the prediction of STI is 

clarified. The improvement of speech intelligibility in terms of STI and EDT by the 

insertion of fibreglass and carpet in a long enclosure is studied. The coherent model 

serves as a helpful tool in the strategic lining of sound absorption material in a long 

enclosure to achieve noise reduction and other acoustic purposes. The choice of sound 

absorption materials can be made by comparing their performance on noise reduction 
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and/or improvement on speech intelligibility. As a result, the performance and 

cost-effectiveness of the acoustic treatment can be greatly enhanced with the 

predictions from the coherent numerical model. 

 

5.2 Recommendations for future work 

Based on the research study described in this thesis, the following areas are 

recommended for further exploration: 

1.  In this research, the prediction scheme is focused on a single point source. It 

provides a fundamental basis for the operation of multiple sources, which 

involve a summation of the sound field from separate point sources. Multiple 

sources are commonly found in underground stations and road tunnels. The study 

and improvement of speech intelligibility of such public address systems is 

essential. In addition to the investigation of single and multiple point sources, 

line sources and dipole sources can also be considered.  

 

2. The theory is based on the assumption of an omni-directional point source. The 

directivity of source has been ignored in the present study. The theoretical model 

will be more comprehensive if the directivity effect of source is included. 

 

3. Simple patterns of the positioning of sound absorption material are presented in 

this thesis. Further investigation on more complicated patterns, or a combination 

of different types of materials, can be considered to obtain a higher degree of 

noise reduction. It is also recommended to improve the performance of duct 

silencers with the coherent model. The acoustics of ducts without air flow can be 

modelled by the numerical model. 
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4. Sound propagation in a long enclosure with flat inhomogeneous surfaces has 

been discussed in this thesis. It will be useful to extend the theory to the sound 

propagation at a tunnel mouth. An impedance discontinuity occurs when the 

boundaries change from hard to totally absorptive. 

 

5. The propagation of sound in an L-shape or T-shape corridor is another interesting 

area of research. The L-shape or T-shape branch is a common feature at either 

end of a long corridor in buildings. 

 

6. A special example of a long enclosure is the train, which is usually made up of 

several compartments. It contains scattering objects like the seats and handrails. 

When a train is passing through a tunnel, the situation becomes one long 

enclosure being surrounded by another. Noise reduction in such enclosure is a 

complicated yet practical problem. The speech intelligibility in a train 

compartment with different percentage of occupancy can also be investigated. 


