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Chapter



1



Introduction



When designing buildings, it would be useful to have a tool that could calculate the acoustic properties of a room before it is constructed, so that the designer would know how the room "would sound", or how much sound is emitted from one room to another room. This would enable the designer to design the room with a specific sound in mind. If he/she, for instance, is designing a concert hall, he/she and the customer could listen to a band on stage before it is actually constructed, saving money for reconstruction afterwards. The sound of a room depends highly on the reverberation time, which again depends on the sound absorption in surfaces. The absorption coefficient is defined as the amount of energy absorbed in the surface, sometimes stated in percent. Sound is absorbed in all materials, some absorb more than others. A concrete wall absorbs almost no sound, while softer materials absorb more sound. The sound in a room is therefore highly dependent on how much the surfaces inside the room absorb. Designing a tool for calculating the "sound" in a room is therefore highly dependent on these absorption coefficients. During the years, at least three methods for measuring this absorption coefficient have been developed, the two most common being the standing wave tube method, and the reverberation chamber method. Another method, introduced some years ago is the reflection method. Standing Wave Tube The main idea of the standing wave tube method is that the material is mounted in one end of a tube, and a loudspeaker is radiating sound in the other end. When a sound is radiated into one end of a closed tube, an interference pattern is created. By measuring the difference between the maxima and minima in the sound pressure, it is possible to find out how much
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sound is absorbed by the material [Brü55]. Using the standing wave tube, it is possible to measure the absorption for normal incidence only, and it is very difficult to use the method for in situ measurements, since it requires a test surface that can be fitted inside the tube. The frequency range is upward limited because of the size of the tube. Reverberation Chamber The idea of the reverberation chamber method is that the reverberation time is measured before the surface is put into the chamber, and after it has been put inside. Knowing the area of the surface of the room and of the absorbing material, it is possible to calculate the absorption of the material. In the reverberation chamber, it is only possible to measure the random incidence reflection, and obviously this measurement cannot be made "in situ" since the surface have to be put inside the reverberation chamber. The reverberation chamber method is a reasonable accurate method if the test is repeated with different position of test surface, different measuring equipment, etc. The method has been standardized in ISO354 [Sta86]. It gives values in third octave bands only. The method is very time consuming if the absorption coefficient has to be measured accurately. Reflection Method By exciting a surface with a sound, and measuring the reflected sound, it is possible to obtain the absorption coefficient. The advantage of the reflection method is that it can be used in situ, since it does not require a sample which has to be put into a tube or a room. It can also measure absorption coefficient in both normal and oblique incidence [Gar93]. The reflection method is limited in frequency resolution because of the dimensions of rooms, and thereby limitations in the length of the impulse response obtainable. The limitations in the high frequency range is only limited by the equipment, e.g. loudspeaker microphone, etc. The goal of this project is to design a system for in situ measurement of absorption coefficient. The use of a system like this is obvious: Sometimes the room has been build and one wishes to measure the absorption coefficient, but a sample surface for either standing wave tube or reverberation chamber is not available. In other situations, it might be convenient with a fast way of measuring the absorption coefficient. For in situ measurement of absorption coefficient, only the reflection method for obtaining the absorption coefficient is suitable. A feature of the reflection method is that it can provide measurement of the absorption coefficient at an arbitrary angle. This could possibly improve the performance of room simulation tools since this is not included in the commercial systems available. The problem of providing an absorption coefficient, not only as a function of frequency, but
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also of phase, is that no room simulation tool can use this angle information. But of course no room simulation tool will include angle information before this information is available. The goal of this problem is therefore to develop a "system for in situ measurement of absorption coefficient, possibly including angle information" The report contains a brief introduction to the acoustic properties of a surface in chapter 2, a more detailed description of the methods briefly outlined in this chapter is given in chapter 3. In chapter 4, the different properties of the reflection method is covered, including description of loudspeaker, excitation signal and extraction method. The limitations of the methods used is also analyzed. Chapter 5 contains a verification of the chosen methods, and an investigation of various parameters on the considered method. In chapter 6, a conclusion of the project is given.
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2



Acoustic Theories



The acoustic reflection phenomena can be categorized into 3 groups depending on the media in which the sound propagates. Those are the reflections of sound propagating from one fluid to another fluid, from one fluid to one solid and from one solid to one fluid. This report focuses on sound reflection at the wall, or at the room boundaries. Thus it concentrates on the second group, sound propagates from one fluid(air) to one solid(wall). For simplification, the sound reflection from a surface will be assumed to be plane, unbounded and smooth. This assumption is valid in many cases. It is, at first, also assumed that the sound is a plane wave sound field for the simplicity of calculation. This assumption will be dismissed later by introducing the correction factors. This chapter provides the basic acoustic theories about pressure reflection coefficient, acoustic impedance, and absorption coefficient of a surface material. It also gives some details about the relationships among these quantities. The first section presents the pressure reflection coefficient while the second and the third present acoustic impedance and absorption coefficient, respectively.



2.1



Pressure Reflection Coefficient



The complex pressure reflection factor or pressure reflection coefficient R is the ratio of the reflected complex sound pressure, Pr , to the incident complex sound pressure, Pi . It presents how the reflected sound changes both in terms of magnitude and phase. There are two other acoustic properties which are related to the pressure reflection coefficient, namely sound absorption coefficient α and specific acoustic impedance ζ of the material. This report will
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Acoustic Theories concentrate on the acoustical absorption coefficient α. For a plane wave, the pressure reflection coefficient is defined as: R=



Pr Pi



(2.1)



where Pr is the reflected sound pressure, and Pi is the incident sound pressure [KFCS82].



2.2



Acoustic Impedance



Acoustic impedance is a property of the material that describes some of the physical behaviors of the material. It is defined as the ratio of the sound pressure at the surface of the material to the component of the particle velocity that is normal to the surface, that is: Z=



p un



(2.2)



where un is the component of the particle velocity normal to the surface. To obtain the acoustic impedance of the surface directly from measurement is difficult. One needs to measure the particle velocity exactly at the surface without disturbing the system. An alternative approach, to obtain the acoustic impedance by measuring the pressure reflection coefficient, has been presented [CD84]. When sound impings on the surface, the reflected sound reflects from the surface and interferes with the impinging sound. By the continuity condition at the surface of the material, the apparent sound pressure at the surface is: p = p i + pr



(2.3)



and the particle velocity normal to the surface is: un



=



uni + unr



=



ui cos(Θ) + ur cos(Θ)



(2.4)



where Θ is the angle of incidence. Thus the acoustic impedance of the surface can be written as: Z=



pi + pr ui cos(Θ) + ur cos(Θ)



(2.5)



It can also be written as: Z = ρc



1 1+R cos(Θ) 1 R



(2.6)



where ρc denotes the acoustic impedance of the medium. In most cases, the medium is air.



2.3 Acoustical Absorption Coefficient
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Since both sound pressure and particle velocity are complex quantities, it can be seen from equation 2.5 that the acoustic impedance can be complex, Z = rn + jxn



(2.7)



with the resistive component rn and the reactive component xn , if the normal particle velocity at the surface is not in phase with the sound pressure. It should be noted that in case of porous material, the normal particle velocity of sound in front of the surface of the material is not equal to the surface movement. This is not the case for porous material according to the condition of continuity. On the other hand, if the acoustic impedance of the surface is known, the pressure reflection coefficient can be determined by manipulating 2.6 so that: R



= =



Z cos(Θ) ρc Z cos(Θ) + ρc ζ cos(Θ) 1 ζ cos(Θ) + 1



(2.8)



where ζ is the specific acoustic impedance of the surface material in the specific medium defined as: ζ=



2.3



Z ρc



(2.9)



Acoustical Absorption Coefficient



The pressure reflection coefficient of the material is, in general, less than unity. The reflected sound intensity is smaller than the incident sound intensity by a factor of jRj2 . This means that the sound energy is lost in, or absorbed by, the material by a factor of 1 jRj2 during reflection. This quantity is called absorption coefficient of the material [Kut73]. It is defined as: α=1



jRj2



:



(2.10)



Figure 2.1 shows α as a function of R. For high absorption, meaning low values of jRj a change in jRj only leads to a small change in α, while for low absorption a similar change of jRj leads to a larger change of α. It can be seen that α is a real quantity. Depending on the applications, the acoustical absorption coefficient can be categorized to 1. the absorption coefficient of a specific angle of incident of sound, and 2. the absorption coefficient of the random angle of incident of sound.
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Figure 2.1: The absorption coefficient is not a linear function of the pressure reflection coefficient.



2.3.1



Absorption Coefficient in Case of Specific Angle of Incidence



The specific angle of incident sound absorption coefficient can be calculated by using either the pressure reflection coefficient or the acoustic impedance of the material, since these two quantities are closely linked to each other as shown in section 2.2. The first approach has been shown in equation 2.10. The second approach comes from the fact that the impedance can be derived from the pressure reflection coefficient and vise versa, as shown in equation 2.8. Substituting equation 2.8 into equation 2.10, the absorption coefficient can be expressed as: α(Θ) =



4Re(ζ) cos(Θ) : (jζj cos(Θ))2 + 2Re(ζ) cos(Θ) + 1



(2.11)



The normal incident sound absorption coefficient can be considered as a special case of the calculation of the specific angle of incident sound absorption coefficient with Θ = 0. Thus equation 2.11 simplifies to: α(0) =



2.3.2



jζj



4Re(ζ)



2 + 2Re(ζ) + 1



:



(2.12)



Absorption Coefficient in Case of Random Angle of Incidence



In many cases, the reflections of a large number of sounds impinging on the surface in various directions simultaneously are interesting. It is not worthwhile to compute the single reflected sound and accumulate the energy and phase of the reflected sounds to determine the room acoustic parameters. Hence, a statistic approach is applied. It is allowed to assume that the amplitude of the incident sounds has a uniform distribution for all directions of incident. It is also assumed that the phases of the incident sounds have a random distribution thus the phase information can be neglected. The situation that allows these two assumptions is so called diffuse sound field.



2.3 Acoustical Absorption Coefficient
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According to the assumptions, the total reflected sound energy can be calculated by simply adding all particular reflected sound energies together. Since the number of particular reflected sounds is infinite, the integration is used, thus we get the absorption coefficient for random or uniformly distributed incidence: αuni =



Z 0



π=2



α(Θ) sin(2Θ) dΘ



(2.13)



This is occasionally referred to as the “Paris’s formula” in the literature [Kut73]. One can calculate the αuni if the impedance of the surface material, ζ, is known by substituting equation 2.11 into equation 2.13 thus, 



αuni =







8 cos(2β) jζj sin(β) cos(β) 1 + arctan jζj sin(β) 1 + jζj cos(β) cos(β) ln 1 + 2jζj cos(β) + jζj



2







 



(2.14) (2.15)



where β is the phase of the impedance defined by 



Imζ β = arctan Reζ



 :



(2.16)



In the next chapter, different approaches for obtaining the absorption coefficient for both normal and oblique incidence are described.
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3



Existing Procedures



As mentioned in the introduction, there are three ways to obtain the absorption coefficient of the surface material: the standing wave tube method, the reverberation chamber method, and the reflection method. This chapter provides the procedures of measurement and some details of theories behind them.



3.1



Standing Wave Tube Method



This section explains the theory behind measuring the absorption coefficient with a standing wave tube, which has been used for verifying the results obtained with the reflection method. It is based on [Brü55] and [Brü70]. Figure 3.1 shows the sound wave impinging and reflected by the material of interest. A is the amplitude of impinging sound wave and B is the amplitude of the reflected sound wave. The magnitude of the reflection factor R is given by



R = jRj =



B A



(3.1)



The Standing Wave Ratio n is the ratio between the maximum amplitude and the minimum amplitude of the sound pressure:
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Pmax



Pmax Pmin



λ/2



λ/4



Figure 3.1: Top shows the standing wave with a very reflecting material, and the bottom shows the standing wave for a more absorbing material.



n=



A+B A B



=



Pmax Pmin



(3.2)



so B A



=



n 1 n+1



(3.3)



The absorption coefficient is defined as the ratio between the energy absorbed by the sample and the total energy impinging the sample. The energy is proportional to the squared pressure, so



α



= = =



and α = 1



B2 A2   n 1 2 1 n+1 4 n + 1n + 2 1



R2 . The acoustic impedance Z of the material is given by



(3.4)



3.1 Standing Wave Tube Method
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Z=



pi + pr ui + ur



(3.5)



where pi and pr are the sound pressures and ui and ur the particle velocity of the impinging and reflected waves. p and u are related by the characteristic impedance of air ρc: pi = ρcui



(3.6)



pr = ρc( ur )



(3.7)



and



This leads to the specific acoustic impedance



Z ρc



=



pi + pr pi pr



(3.8)



The pressures are complex having both amplitude and phase: pi = Ae j2π f t pr = Be j(2π f (t



(3.9) Θ))



(3.10)



where Θ corresponds to a time shift caused by the sound traveling the distance 2y (see figure 3.2). Replacing Θ with 2y c yields pr = Be j2π f (t



2y c )



leading to pr =



B pi e A



j4π f yc



(3.11)



The phase angle is called ∆, so pr = Rpi e j∆



(3.12)



where ∆=



4π f y c



=



4πy λ



(3.13)



At a distance y in front of the sample, the phase angle of the incident wave is 2πy λ relative to the phase angle at the surface and the phase angle of the reflected wave at y relative to the phase angle at the surface is 2πy λ .
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pi’’



y=y1 pr



y=y0



y1



pi’ pr’ y=0



pi



y0



pr’’ y



Figure 3.2: Vector diagram of incident and reflected wave pressures (from [Brü70]). When moving away from the surface, the two vectors (see figure 3.2) move in opposite direction. The pressure maxima in the tube appears when the two vectors coincide, the first one at distance y0 from the surface, where



∆=



4πy0 λ



(3.14)



The minima occur when the vectors are in opposite direction, the first one at distance y1 , where both vectors have rotated through π=2, so that



∆+π =



4πy1 λ



(3.15)



The phase angle ∆ can be determined with the standing wave tube as



∆=(



4y1 λ



1)π



(3.16)



and the magnitude of the reflection coefficient R can be determined from the absorption coefficient as follows



R=



p



1



α



(3.17)



3.2 Reverberation Chamber Method
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The acoustic impedance is determined only from the reflection coefficient (magnitude and phase): Z ρc



=



1 + Re j∆ 1 Re j∆



(3.18)



From tube measurements, absorption coefficients, complex reflection coefficients and thereby acoustic impedances can be found for normal incidence. Thereby values can be obtained for verification of the reflection method for normal incidence, by using both methods on the same material. Standing wave tube method is an accurate way of determining the acoustic properties of the material, but only if the material is homogeneous. In spite of this advantage, it gives results only for the normal incident of sound to the surface material. The method requires a sample of the surface, therefore it cannot make in situ measurements. There have been an attempt of making a system where the tube is held against the surface. This method does not work if the surface is not completely flat, making the system air tight. Moreover, the results depend a lot on the precision of the instrument, thus high quality and thereby expensive instruments are preferred.



3.2



Reverberation Chamber Method



The measurement using the reverberation chamber gives only one acoustic property of the surface material, the random incidence absorption coefficient. The measurement is possible only under the condition of diffuse sound field. A sound field is diffuse when the average energy density ε is the same throughout the volume of the enclosure, and all directions of propagation are equally probable[KFCS82]. Under this condition, the angle of incidence of sound has no meaning and is irrelevant. The technique is based on the fact that the sound energy in the enclosure decays with time, and this time depends on how much the enclosure boundaries absorb the sound energy. Thus one can determine the absorptivity of the material if the energy decay characteristic is known. The sound energy decay characteristic is defined by the reverberation time of the enclosure. By definition, the reverberation time is the time that would be required for the sound pressure level to decrease by 60 dB after the sound source has stopped [KFCS82]. The relationships between the reverberation time, T60 , the volume of the enclosure, V , and the total sound absorption (or equivalent sound absorption area according to [Sta86]) A is defined by Sabine’s equation. His equation is shown in the following equation[KFCS82], T60 =



55:2V Ac



(3.19)



where c denotes the speed of sound. The sound absorption coefficient or the sound absorp-



16



Existing Procedures



tivity per unit area is calculated by: α=



A S



(3.20)



where S is total surface area of the absorber. If there are more than one kind of absorber in the enclosure, the total sound absorption of the enclosure A will be the composition of sound absorption of each material. A = ∑ Ai = ∑ Si αi i



(3.21)



i



From equation 3.19 and 3.21, the absorption coefficient of the material can be calculated as shown in equation 3.22. 0:161V αsample = αroom + Ssample







1



1



Tsample



Troom







(3.22)



where αsample is the absorption coefficient of the surface material, αroom is the absorption coefficient of the surface of the room, V is volume of the room, Ssample is the surface area of the sample, Tsample is the reverberation time of the room after mounting the sample surface inside the room, and Troom is the reverberation time of the room before mounting the sample. It is found that the measured Tsample and the calculated αsample depend not only on the absorptivity and the surface area of the sample but also on the location of the mounted sample. However, the use of Sabine’s equation and experimentally determined Sabine’s absorptivities is recommended as being sufficiently accurate for most engineering applications [KFCS82]. The standard procedure of measuring the absorptivity of the material using an reverberation room can be found in [Sta86]. The [Sta86] states that the measurements should be carried out in normalized third octave bands. The advantages of the reverberation method are that it gives accurate results supported by [Sta86] and the obtained values are representative of the whole portion of the surface material. This is very useful when the surface of consideration is highly irregular. This method also comes with some disadvantages. It needs a reverberation chamber consequently it is not possible to make measurement in situ. Moreover, the method cannot give results of measurement at any specific angle of sound incident. It gives the average value derived from the statistic model instead.



3.3



Reflection method



The reflection method is based on the strategy of determining the acoustic characteristics of the surface from the frequency response or the impulse response of the system consisting of that surface. This can be done by exciting the surface with a known signal and measuring the reflected signal. This means that the reflection method is equivalent to measure the
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impulse response of the reflecting surface. This approach assumes that the system is linear time invariant. Figure 3.3a shows the system constituted of the measuring tools without the surface material. D Direct Sound Transmitter



Medium



Receiver



a) System with no Reflection



e(t)



Transmitter



Path of Direct Sound



Receiver



xfree (t)



MediumDirect (t) b) Block Diagram of the system without reflection



Figure 3.3: Measurement system without reflection.



Figure 3.3b shows the block diagram of the system without the surface material, therefore there is no reflection. The obtained impulse response is the impulse response of the system. If the excitation signal is described by xexcite (t ), the output of the system is described by the following equations:



x f ree (t )



= =



xexcite (t )  Mdirect (t )   1 D δ0 (t xexcite (t )  ) D c



(3.23)



Where x f ree (t ) is the output of the system. The subscript “free” means that since the output is not interfered with any unwanted reflections, it can be said to be a free-field signal. Mdirect (t ) is the impulse response of the medium from the transmitter to the receiver directly, in most cases air. The attenuation due to the medium is discarded because it is very small. But it rather represents the distance law and delays instead. In this example, this distance is D. If the surface material is introduced, the obtained impulse response is the impulse response of the overall system including the surface material. Figure 3.4a and figure3.4b depict the measurement and the block diagram of the system with reflection, respectively. The output xrec (t ) of this system is the summation of the direct sound and the reflected sound and is
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Figure 3.4: Measurement system with reflection. described by the following equation. xrec (t )
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(3.24)



(3.25)



Mre f lect (t ) is the medium impulse response of the reflected path from the transmitter to the surface and back to the receiver. The distances of the direct and reflected path, in this case, are D d and D + d. s(t ) is the impulse response of the surface material. If s(t ) can be extracted from equation 3.25, the sound pressure reflection coefficients R can be calculated R( f ) = S( f ) =



Pr ( f ) Pi ( f )



(3.26)



where S( f ) is the frequency transfer function of the surface material and Pi and Pr denote the impinging sound pressure and reflected sound pressure at the surface respectively.
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Pi
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Pr



Figure 3.5: The incoming and reflected sound of a material. This quantity leads to the determination of the acoustical impedance Z and the sound absorption coefficient α. The calculations are shown in 2.2 and 2.3 so that: Z = ρc



1 1+R cos(Θ) 1 R



(3.27)



jRj2



(3.28)



α=1



The advantages of the reflection method are that it is possible to perform in situ and it is fast. The disadvantages are that it needs post processing and the results obtained depends on the operator, since no standard procedure has been introduced yet.



3.4



Summary



In this chapter, three different methods for obtaining the absorption coefficient have been described. Each has advantages and disadvantages but the main issue is that the only method that is portable and can be used in situ is the reflection method. This method is studied further in the following chapters.
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In chapter 3 the reflection method has been chosen as the best method for in situ measurement of the absorption coefficient. In this chapter there will be an elaboration on different topics regarding the method. Those topics are:







Excitation signals







Sound source







Surface







Extraction techniques







Window function







Optimum distance between loudspeaker and microphone







Optimum position of the microphone in front of a limited size surface



In section 3.3, it has been shown that the key problem of the reflection method is to determine either the transfer function S( f ) or the impulse response s(t ) of the surface material. This is done by exciting the surface with a signal xexcite (t ) and measuring the signal reflected from the surface.
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4.1



Excitation Signal



Various kinds of excitation signals can be used in the reflection method, f.ex, pure tone, spark source, tone burst, recorded impulse, and blank shot[Gar93]. The later works were concentrated on the impulse technique, such as recorded impulse, since it gives, theoretically, the whole frequency information at once. The alternative name of this reflection method which gives another view of the nature of the method is the “impulse-echo method” [Mom95]. This means that the method is equivalent to obtain the impulse response of the surface. Even though the impulse signal seems to be the best choice, it has some disadvantages. It has a rather low energy content. The pulse stimulus is very brief while the response data collection time must be many times longer in order to gain low frequency information. This allows a long opportunity of noise to intrude into the measurement [Was93]. In practice, obtaining the perfect impulse signal is impossible and it is very difficult to repeat the process again. One could of course use a greater amplitude but if the transmission channel is e.g an amplifier and a loudspeaker, the amplifier might clip or the loudspeaker might be driven into its nonlinear region. The low energy content of the pulse leads to a poor S/N-ratio. By repeating the pulse, and averaging the output samples, a better S/N-ration can be obtained, this is called the periodic pulse method. This method is not very good either, because a lot of repetitions is needed if significant improvement is wanted. If an improvement of 30 dB is wanted, more than 1000 samples has to be averaged. [Was93] Because of the poor S/N-ratio or large time consumption, other methods for measuring a transmission channel have been developed. Especially two methods have gained great success, the MLS (Maximum Length Sequence) and the TDS (Time Delay Spectrometry). The MLS method is conducted in the time domain, like the periodic pulse method. This means that it is very simple to remove e.g unwanted reflections. The method applies a pseudo random sequence (MLS sequence) on the transmission channel that is measured, and calculates the periodic correlation between the input and output sequence, and thereby obtains the impulse response of the transmission channel. The energy of the MLS sequence is very high compared to an impulse, and therefore this method yields significant improvement to the S/N-ratio. Furthermore, there is good rejection of nonlinear response. Time aliasing is one disadvantage about MLS, but this problem can be overcome by choosing a long MLS sequence [RV89]. The Time Delay Spectrometry (TDS) method is conducted in the frequency domain [BP83]. A sine sweep is applied to the transmission channel, and the output of this is measured. By applying a tracking filter to the measured signal, reflections can be filtered out. This method has a S/N ratio at least as good as the MLS, but in terms of interpretation of the impulse response and filtering out reflections, this method is not as straight forward. The MLS method has been chosen for this project, since it has advantages that are essential
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for the reflection method. More details of the maximum length sequence(MLS) method are available in appendix A.



4.2



Sound source



The ideal sound source for measuring the absorption coefficient with the reflection method is an omni directional radiator with a flat frequency response and a very short impulse response. This cannot be obtained because some of the demands are contradictory. It is for instance required that the sound source is omni directionally, and that requires a very small point radiator, which cannot emit the required sound pressure at low frequencies. Further more a short impulse response usually requires a small and light radiator. A compromise therefore has to be made, and it has been chosen to use a 412 ” Vifa midrange speaker model "M10MD-39-08". This speaker has a quite flat frequency response in frequency range from 200 10000Hz and a short impulse response. However, this loudspeaker does not radiate omni directional, because it is not a point source, instead a more suited model of this speaker is a flat, rigid piston in an infinite baffle. Some theory of the flat, rigid piston in an infinite baffle can be seen in appendix D. To get an idea about how the loudspeaker used in the project radiates, a measurement of the polar response has been carried out as described in appendix E. Figure 4.1 shows the attenuation of the loudspeaker vs. the angle at various frequencies. 0
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Figure 4.1: Attenuation for the loudspeaker used in project vs. the angle for frequencies 250, 500, 1000,2000,4000,8000Hz, the upper line being 250Hz and the lower one being 8000Hz. As can be seen, the radiation pattern for the loudspeaker gets narrower at higher frequencies, while it is almost omni directional at low frequencies.
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4.3



Surface



When using the reflection method, there are some demands and restrictions regarding the surface whose absorption coefficient is measured. A proper measurement cannot be done if the following two parameters are not considered: 1. Active surface 2. Irregularities of the surface



4.3.1



Active surface



If the surface is not large compared to the λ, the ray model cannot be used. Any point on the surface reflects the sound and acts as a small omni directional point source which radiates in all directions. All waves that radiate to the microphone are added, and if the surface size is infinity, the microphone will measure a reflection equivalent to if the sound wave was a plane wave, see the details of this in appendix B. If a small surface is measured, it should be kept in mind that the result is not necessarily correct. As the surface area increases, the result will however converge to the true value.



4.3.2



Irregularities of the surface



Irregularities of the surface have a significant effect on the measurement if the frequency of interest is high enough. This is not a problem if the upper frequency is limited by [Gar93]: fmax =



c 4e



(4.1)



where e is the depth of the irregularity in meter. Furthermore if the surface is inhomogeneous the measured absorption coefficient strongly depends on the position of the microphone [Mom95].



4.4



Extraction Techniques



The reflections measured will include both the direct sound and the reflected sound, the so called global sound. To obtain the absorption coefficient, one needs to extract the reflected sound from the global sound. three techniques of extraction will be presented. Those techniques are: 1. Time Windowing Technique 2. Subtraction Technique 3. Homomorphic Deconvolution.
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All techniques explained use the MLS as an excitation signal. They are implemented on the commercial MLS system called MLSSA. However, the explanations will not change if the excitation signal is not the MLS signal, as long as the output is an impulse response. All the techniques use basically the same set up as shown in figure 4.2. The differences among the techniques are the distances between the transmitter, receiver, and the surface material.
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Figure 4.2: Measurement setup for reflection method.



4.4.1



Time Windowing Technique



Time windowing technique exploits the advantage of the “impulse-echo method” that allows the direct sound, and reflected sound to be separated in time domain using a window as a time gating. This technique has been presented by [Gar93]. The length of the separating window is, at first, determined by the distance between the surface and the recording microphone. The constraint of this technique is that the direct sound xf ree (t ) and the reflected sound xre f lec (t ) are not mixed up with each other in time domain. This means that there has to be a certain distance between loudspeaker, microphone and surface. To obtain the direct sound and the reflected sound separately, windows in time domain are applied onto the global signal as depicted in figure 4.3. It is important that the direct and reflected sound are separated adequately in time. Otherwise, it is impossible to separate these two signals with an adequate length of the sequence. The length of the global windows are determined by the distances between transmitter, receiver, and the surface material. It is a condition that the window length must be less than the time that sound spends traveling the distance of 2D, where D is the distance between the transmitter to the surface. Otherwise, the measured signal will be contaminated by the unwanted reflections from the transmitter. This determination is only for the ideal case. In practice, other limitations affect the window length as well. These conditions will be discussed later in this chapter. The optimum position of the receiver is halfway between the loudspeaker and the surface, d = D2 . This gives equally long windows for both the direct sound and the reflected sound. In the following equations the electro acoustic part of the system e(t ) is included. Consider figure 4.3 together with equation 3.24, the first term in the equation can be considered as an
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Figure 4.3: Windowed global signal : Time windowing technique. input to the system of surface measured at the receiver position: pi (t ) = x f ree (t ) = xexcite (t )  e(t ) 
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so that Xfree ( f ) = Xexcite (t )  E( f ) 
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j2π f ( D c d )



(4.3)



The second term of the equation 3.24 represents the output of the surface measured at the receiver position pr (t ) = xre f lec (t ) = xexcite (t )  e(t ) 
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thus Xreflec ( f )
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Then the transfer function S( f ) of the surface can simply be calculated from the ratio of the frequency response of the output to the input taking the compensating of attenuations and delays in account. Equation 4.5 gives R = S( f ) =



1 e



j2π f
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 DD + dd  XXreflec((ff)) free



(4.6)
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Notice that the term 2d c in equation 4.6 represents difference between the time arrivals of the +d direct sound and the reflected sound. Similarly, the term D D d in the same equation presents the correction factor according to the distance attenuation. D + d represents the reflected path distance while D d represents the direct path distance. From equation 2.10, equation 3.26, and equation 4.6, the absorption coefficient α can be calculated by: 



α( f ) = 1



D+d D d







jXreflec( f )j 2 jXfree( f )j



(4.7)



Figure 4.4 shows the setup of the instrument for an oblique incidence measurement. The direct path and the reflected path are now different from the case of normal sound incidence.
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Figure 4.4: Measurement setup for oblique sound incidence using time windowing technique. The reflected path distance is D + d while the direct path distance is D0 (Θ) =
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So that the correction factor is changed to be re f lected path direct path



D+d D0 (Θ)
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(4.9)



and the time difference between the occurrences of the direct sound and the reflected sound is then



0



4t (Θ) = D (Θ)
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From equation 4.6, 4.9, and 4.10, the transfer function of the surface as a function of frequency and angle of sound incidence S( f ; Θ) is expressed as S( f ; Θ) = e j2π f
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(4.11)
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Consequently, the absorption coefficient of the material as a function of frequency and angle of sound incident can be calculated by 



α( f ; Θ) = 1



D+d D0 (Θ)







jXreflec( f )j 2 jXfree( f )j



(4.12)



This strategy, even though it is fast and simple, there are two obvious drawbacks. The first is that the window length is determined by the distance between the loudspeaker, the microphone, and the surface. The lengths are limited with the optimum position of microphone at D2 from the loudspeaker. This leads to a rough frequency resolution. If the instrument is set up far away from the surface in order to increase the window length, the unwanted reflections from ceiling and floor will corrupt the global signal. The second drawback occurs in the case of oblique incident sound. The directivity of the loudspeaker is not equal for all directions. One must include the directivity of the sound source in account for the oblique incident measurement. Otherwise, the results obtained after processing would be invalid.



4.4.2



Subtraction Technique
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Subtraction technique has been presented by [Mom95]. It needs at least two measurements to obtain the result. One for a pseudo free-field signal xf ree (t ), and another for the signal including both direct sound and reflected sound, the global signal xrec (t ). The reflected sound xre f lec (t ) is determined by subtracting the global signal by the pseudo free-field signal and the pseudo free-field signal can represent the direct sound without any serious problem. However, the time windowing for gating out the unwanted reflections is still necessary.
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Figure 4.5: Windowed signals, global signal (top), pseudo-free field signal (middle), and estimated reflected signal (bottom).
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Figure 4.5 depicts the measured signals and the calculated reflected signal using subtraction technique. From equation 3.24, the first measurement is done with the microphone positioned far away from the surface so that it can be considered as a pseudo free-field within a proper window length. x f ree (t ) = xexcite (t )  e(t ) 
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while the second measurement is done with the microphone positioned in front of the surface material gives: 
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With equation 4.13 and equation 4.14, the ideal case condition yields: xre f lec (t )
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xrec (t )



x f ree (t )
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xexcite (t )  e(t ) 
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Once the subtracted signal is obtained from equation 4.15, the transfer function of the surface material can be calculated from equation 4.13 and 4.15 as shown in equation 4.16. S( f ) = e j2π f



2d c



 DD + dd  XXfree ((ff))



(4.16)



reflec



The absorption coefficient is archived in the same way as shown in equation 4.7.
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Figure 4.6: Measurement setup for oblique sound incidence using subtraction technique. Figure 4.6 depicts the absorption coefficient measurement setup for oblique sound incidence. According to the figure, the direct path distance is D and the reflected path distance is
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D0 (Θ) + d 0 (Θ) =



q



D2 + (2d )2 + 4Dd cos Θ



(4.17)



The transfer function of the surface as a function of frequency and angle of sound incidence can be written as



S( f ; Θ) = e j2π f
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and the absorption coefficient is then 



α( f ; Θ) = 1



D0 (Θ) + d 0 (Θ) jXreflec ( f )j D jXfree( f )j
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(4.19)



In figure 4.6 notice that the actual angle of incidence is not Θ but Θ0 instead. Thus the angle correction after the calculations must be taken into account. The angle correction is 



D cos Θ + 2d Θ0 (Θ) = arccos 0 D (Θ) + d 0 (Θ)







(4.20)



This technique gives a long window length of the considered signals, because the technique allows the receiver positioned close to the surface. The constraint of the optimum receiver position at D2 is no longer necessary. Consequently, the position of the microphone can be anywhere between the loudspeaker and the surface. The best position is the closest position to the surface so that the longest window length can be achieved. The length of the windows are then limited by other factors such as the size of the room. There is one advantage when using the subtraction technique for oblique incidence, namely the difference in radiation pattern for the loudspeaker in the direct and the reflected sound is negligible since the angle is very small if the microphone is close to the surface. However the method requires two measurements and it is crucial that the distance and temperature do not differ significantly. [Mom95] has shown the effect of this variation. The solution to the problem is to use a time delay compensation which is defined by:
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where c is obtained by the following equation. c = 331 + (0:6θ)Æ c



(4.22)



4t is time delay in seconds. L is the distance from the sound source to the sound receiver in meter. c0 and 4c are speeds of sound of the reference record and the changes in speed of sound, respectively. c is speed of sound at any temperature and θ is the temperature in degree Celsius.
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Homomorphic Deconvolution Technique



The idea of using homomorphic signal processing has been proposed in the conclusion of [Gar93] but unfortunately it has not been implemented by anyone. It seems that no one has investigated the extraction of the acoustic properties of a given surface by homomorphic signal processing, although [BG84] has simulated it with electric circuits. Homomorphic signal processing is presented in details in appendix C, which provides all the needed theory for the topic. The following part deals with how this technique can provide the method needed for acoustically characterizing a given surface. Theoretical Approach for solving the Reflection Method by Homomorphic Signal Processing First of all, the aim of homomorphic signal processing in this context is to extract the impulse response of the reflecting material and its absorption coefficient from the measured signals. Two measurements are provided: 1. The impulse response of the system without reflections xf ree (t ) also called pseudo free-field measurement in the following section. 2. The impulse response of the system with the reflecting surface xrec (t ) also called measurement with the reflecting surface in normal incidence. With the constraint that xexcite (t ) = δ0 (t ) equation 4.13 becomes: x f ree (t ) = δ0 (t )  e(t ) 
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and the measurement with the reflecting surface in normal incidence is: xrec (t ) =
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where s(t ) is the impulse response of the reflecting surface. It should be noticed that the case of normal incidence can easily be extended to the case of oblique incidence by modifying the delays and the geometric attenuations. So, only the case of normal incidence will be regarded in the following. The aim of the following procedure is to extract s(t ) from equation 4.24. One can notice that xrec (t ) is composed of two parts x f ree (t ) and another signal, which are convolved in the time domain. By combining equations 4.23 and 4.24, xrec (t ) can be reorganized as: xrec (t ) = x f ree (t ) 
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By this way, the first step for homomorphic signal processing is to remove xf ree (t ) from equation 4.25. This operation is called deconvolution, it will provide another signal which will be called the reflection series r(t ). It is called reflection series because it contains all the events which occur during the measurement like the direct sound and the reflected sound. Equation 4.26 expresses the reflection series r(t ). 
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So, the time equation leading the measured signal xrec (t ) can be expressed very easily by: xrec (t ) = x f ree (t )  r(t )



(4.27)



In the next, it will be shown how homomorphic signal processing provides a very simple method for removing x f ree (t ) from equation 4.27. If one considers the characteristic homomorphic system for convolution D which transforms convolved signals into the sum of their respective homomorphic transformations, it is possible to remove by subtraction the convolving signal if one knows its characteristics. In order to illustrate this concept, consider xˆrec (t ) the homomorphic transformation of xrec (t ) by D . Its homomorphic transformation yields: xˆrec (t ) = xˆ f ree (t ) + rˆ(t )
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Notice that the only unknown signal from equation 4.28 is the homomorphic transformation of the reflection series. Therefore, as xˆrec (t ) and xˆ f ree (t ) can be calculated from the measurements, the homomorphic transformation of the reflection series can then be extracted by subtraction: rˆ(t ) = xˆrec (t )
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It can be stated at this point that this method is suitable because the knowledge of xf ree (t ) is available. Otherwise another homomorphic method has to be considered which is called blind homomorphic deconvolution. Its main characteristic can extract an estimate of xf ree (t ) and r(t ) from xrec (t ) more or less accurately. In this project, xf ree (t ) being available, there is no need to investigate this technique further (a brief description is given in the appendix C). As one disposes of rˆ(t ), it is possible, by using the inverse homomorphic characteristic system for convolution D 1 , to reconstruct the reflection series r(t ). Equation 4.30 shows the principle for reconstructing r(t ) from rˆ(t ). D 1 [rˆ(t )] = D 1 [D [r(t )]] = r(t )
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Now that one has a perfect knowledge of r(t ), it’s very easy to extract s(t ) from it. This approach is described below. Equation 4.26 allows to express s(t ) by recombining its terms in the following manner: 
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and D+d [r(t ) D d
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finally, applying a time shift 
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In order to summarize the overall process of extraction, s(t ) can be expressed from the measured signals as: 
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δ0 (t )]



(4.34)



Henceforth, if one wants to calculate the absorption coefficient of the surface, equation 4.34 leads easily to the result as shown by equation 4.35. α( f ) = 1



jS(t )j2



(4.35)



So far, no restriction on the nature of the signals has been made but they are supposed to be full band signals i.e. no zeros in the frequency domain. Unfortunately the measured signals have band-pass characteristics which does not allow them to be processed by homomorphic signal processing directly. They need to be transformed into full-band signals previously. Different methods exists; two are presented in appendix 4.4.3 and another one is discussed in the next topic. Band-pass Transformation As mentioned before, a problem in applying homomorphic signal processing to the reflection method is that homomorphic signal processing requires full-band signals. Unfortunately, the measured signals are band pass signals. This is due to the fact that the measuring equipment has band-pass characteristics. So, a method has to be found to transform these band-pass signals into full-band signals. The idea here is to add a known signal which does not overlap in the frequency domain of the measured signals. This is done by adding to xrec (t ) and to x f ree (t ) an impulse response of a high-pass FIR filter defined above the cut-off frequency of the band-pass signals. In this way, the resulting signals are full-band signals and are suitable for homomorphic signal processing. Figure 4.7 shows the impulse response in pseudo free-field and the impulse response with the reflecting surface. The Fourier transforms of these signal are given by figure 4.8.
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Figure 4.7: The provided signals. Spectra of the Pseudo Free−Field Measurement
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Figure 4.8: The spectra of the provided signals.



5



10



4.4 Extraction Techniques



35



The signals are not defined above 20kHz. The synthesized supplemental signal (time and frequency representation) is described in figure 4.9. It has been synthesized by a high order Kaiser filter whose phase response below 20kHz is approximately zero. It also has a steep slope at 20kHz; by this way, it does not give any inaccuracies in the frequencies below 19 20kHz. Figure 4.10 shows the spectra of the different signals with the supplemental signal added. Time Representation of the Supplemental Signal 0.4 0.3 Magnitude
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Figure 4.9: The supplemental signal. It has to be kept in mind that the signal s(t ) or the absorption coefficient which are going to be extracted contain information above 20kHz with this method, this information is invalid and has to be disregarded in the analysis. Example of Extraction By Homomorphic signal Processing Figure 4.11 shows the homomorphic transformations of xf ree (t ) and xrec (t ) also called “cepstrum” after the introduction of the supplemental signal. It can be shown that introducing the supplemental signal gives a smooth characteristic to the cepstrum. Figure 4.11 shows also at the bottom the subtraction of the cepstrums of xf ree (t ) and xrec (t ), this subtracted signal is therefore for the following the cepstrum of the reflection series rˆ(t ) as presented by equation 4.29.
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Figure 4.10: Effect of the supplemental signal.



The next figure shows the reconstruction of the reflection series r(t ) in the time domain from its cepstrum. One can see a first Dirac δ0 (t ) corresponding to the direct sound followed by the impulse response of the surface shifted in time. The direct sound can easily be cancelled just by removing the Dirac at the beginning of the signal, by this way after the correction of the geometric attenuation of the reflected sound, one can see the shifted time impulse response of the surface. Figure 4.13 shows the shifted time impulse response of a given surface. Remark: If one is interested in the absorption coefficient, it is not necessary to correct the time shift (it is a pure delay) because only the magnitude of the spectra of the impulse response of the surface is useful and a pure delay does not affect the spectra magnitude. Figure 4.14 presents the absorption coefficient for this given surface, it has been calculated as presented by equation 4.34. Advantages and Disadvantages of the Method
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Figure 4.11: Cepstrum of the signals.
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Figure 4.12: Extraction.
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Figure 4.13: Extracted time shifted impulse response of the surface.
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Figure 4.14: Extraction completed.
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Advantages:



       



Impulse response, magnitude and phase response of a given surface can be extracted accurately Complex impedance, absorption coefficient can be calculated from the impulse response of the surface No windowing effects as rectangular truncation affects the extraction of the impulse response of the surface No need to synchronize the signals xf ree (t ) and xrec (t ), homomorphic signal processing takes care about that The extraction is even possible if the xrec (t ) contains overlapping impulses in the time domain The length of the different signals is fully used Time gating the deconvolved signal for splitting up the impulse response of the surface with unwanted reflection or diffraction could be more precise than time gating xrec (t ) In blind homomorphic deconvolution, an estimate of the xf ree (t ) can be extracted from xrec (t ), i.e. no need to measure x f ree (t ) (can be useful for making a real-time system for measuring the absorption coefficient in situ (with some resolution limitations of course))



Unfortunately, the time and the frequency resolution are driven by some external parameters which decrease the efficiency of the extraction. These parameters are not inherent to the homomorphic technique.



4.5



Window function



In each of the different methods of extraction, a window is used at some point. Until now, only the rectangular window has been considered. It has been suggested by [Gar93] that it might be better with a smoother window function like e.g. the Blackman window, to reduce error from the truncation. The Blackman window function is: (



w[n] =



0:42 0



0:5 cos (2πn=M ) + 0:08 cos (4πn=M );



0nM otherwise



(4.36)



Since most of the energy in the impulse response is in the beginning of the sequence most of that energy will be windowed out if the Blackman window is used. Therefore it has been suggested to use only the last part of the window as shown on figure 4.15.
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Figure 4.15: Implementation of a right half Blackman window onto the time windowing technique.



Since it is not always easy to pinpoint the exact position of the beginning sequence, another approach has been tested. The idea of this approach is to use the complete Blackman window, and then possibly do some zero-padding at the beginning of the sequence. The advantage about this is that it is very easy to find the maximum of the impulse, and place this exactly in the middle of the window. This means that finding the exact beginning of the sequence is not necessary since what happens before the maximum is also included in the sequence. An illustration of using the complete Blackman window is shown on figure 4.16.
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Figure 4.16: Solution of unequal emphasizing peak using symmetric window.



Other windows can be used, but this has not been investigated.
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Distance Optimisation



When measuring the absorption coefficients using the reflection method, there are some restrictions to the distance between the loudspeaker and the microphone. Looking at the loudspeaker and microphone alone, it is obvious that the longer distance the better, because the unwanted reflections from the loudspeaker are going to arrive later. However, normally this system is used in rooms of limited dimension or with limited sample sizes.



4.6.1



Time Window Length



The length of the time window used to gate the unwanted reflections can be expressed in three equations, one stating the window length as a function of the distance between loudspeaker and microphone, one expressing the window length as a function of the height of the loudspeaker/microphone stand and one expressing the window length as a function of sample dimension. Reflections from loudspeaker The time window to gate the wanted signal as a function of the distance between loudspeaker and microphone can be determined by inspection of figure 4.17.
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Figure 4.17: Reflections in the loudspeaker/microphone system. The sound travels from the loudspeaker to the microphone and the measurement starts. The sound then travels from the microphone to the wall, from the wall to the microphone and the reflection measurement is started. The sound then reflects on the loudspeaker, and reaches the microphone with the first unwanted reflection. The length of the time window ts to gate both direct and reflected sound can therefore be stated as follows: ts = 2  (d1 + d2 )



(4.37)
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Where d1 is the distance between loudspeaker and microphone and d2 is the distance between microphone and surface. While the length of the window to gate reflections only can be stated as: ts = 2  d1



(4.38)



The time window in this section is for simplicity stated as a distance, but can easily be converted to time by dividing by the speed of sound in air. Reflections from floor or ceiling As the loudspeaker acts as a sound source radiating sound in all directions (at least for lower frequencies), unwanted reflections will arrive from the floor or the ceiling. By inspection of figure 4.18, this window can be determined.
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Figure 4.18: Reflections from floor. d3 and d4 can be determined by: s



d3 = d4 =







h2 +



d1 2



2



(4.39)



The Window length for gating direct and reflected sound is: tf



= d3 + d4



d1 = 2  d3



d1



(4.40)



The window to gate the reflected sound only is: tf



= d3 + d4



d1



2  d2 = 2  d3



d1



2  d2



(4.41)
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Diffractions from sample edges The last limitation of the window length comes from the edges of the sample. This window can be calculated by looking at figure 4.19.
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Figure 4.19: Diffraction from edge. The distance d6 can be calculated by: q



d6 =



(d1 + d2 )2 + d52



(4.42)



And d7 can be calculated by: q



d7 =



d22 + d52



(4.43)



The time window to gate direct and reflected sound can be stated as: te = d3 + d4



d1



(4.44)



while the equation for gating reflected sound is: te = d6 + d7



4.6.2



d1



2  d2



(4.45)



Optimizing the distance from loudspeaker to microphone



The different time windows described in the previous sections are all expressed on some form depending on the distance between the loudspeaker and microphone d1 . The window ts will of course get longer as this distance is increased while the two other windows tf and
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te are decreased as a function of d1 . Optimizing the distance between the loudspeaker can be done either mathematically or graphically. It is chosen to optimize this distance graphically, because it provides a good overview on how the different factors influence the result. Figure 4.20 shows the length of the different time windows, for windowing out reflections only, as a function of distance between loudspeaker and microphone. The distance d2 is 2cm, the distance d5 62:5cm and the height h of the loudspeaker/microphone stand is 155cm. 0.012
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Figure 4.20: Window length as a function of distance between loudspeaker and microphone. The solid line is ts , the dotted line is te and the dashed line is tf . The way to find the optimum distance between loudspeaker and microphone is determined by where either t f or te crosses ts . The crossing closest to origin will be the optimum window length and distance between loudspeaker. In this case, the crossing is at the distance of 46cm with the window length of 2:7msec.



4.6.3



Optimum Position of the Microphone at Oblique Incidence



The objective of this part deals with the optimization of the microphone position when this one is in front of a homogeneous and limited size surface in the case of oblique incidence. As said before, when excited by a sound, each edge of a given surface for measuring its absorption coefficient acts as a continuous line consisting of an infinite number of spherical sound sources. In the extraction methods, it is important to know when these spherical waves reach the measuring microphone in order to make a time gating on the measurement for limiting the diffraction effect. Figure 4.21 shows the measuring setup in an oblique incidence case. d1 denotes the distance between the loudspeaker and the microphone, W the surface width, d2 the normal
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Figure 4.21: The measuring setup in oblique incidence. distance between the microphone and the surface and x the projected distance between the microphone and the surface edge. After calculations, the path between the loudspeaker, the left edge and the microphone is equal to: dL (θ) =



q



q



x2 + d12 + d22 + 2d1 (d2 cos(θ) + x cos(θ))



x2 + d22 +



(4.46)



The one from the right edge can also be found as: dR (θ) =



q (w



q



x)2 + d22 +



(w



x)2 + d12 + d22 + 2d1 (d2 cos(θ) + (w



x) cos(θ)) (4.47)



The optimum value for x corresponding to the adjustment of the microphone according to the edges of the surface is so that dL (θ) and dR (θ) are maximum. It is obvious that such a condition is reached when the distances are equal. So, the optimum distance is given by the root of the following equation: dL (x)



dR (x) = 0



(4.48)



Unfortunately, no analytical solution of this equation can be easily found, therefore a MATLAB program has been implemented for solving this equation in order to give the optimum placement of the microphone. The results are presented below. Figure 4.22 shows the optimum microphone placement for angles of incidence from 0Æ (normal incidence) to 90Æ with the following parameters: d1 = 1m, d2 = 0:04m, w = 2:5m. Figure 4.23 shows the time arrival with and without optimization of the microphone position for the direct sound (in dash-dot), the reflected sound (in dotted), the diffracted sound without optimization (in dashed), the same diffracted sound but with distance optimization (in solid) and the line at the top corresponding to the reflection from the floor or the ceiling. It can be seen that for instance at 89Æ the distance optimization gives a time arrival of the diffracted stretched by 67% compared to its value without optimization. Therefore, when
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Figure 4.22: The optimum placement.
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Figure 4.23: Arrival time of direct sound (dash-dot), reflected sound (dotted), and edge diffraction without optimization (dashed) and with optimization (solid).
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one wants to measure the absorption coefficient of a homogeneous and limited size surface with the reflection method, the distance optimization gives a better resolution for the system.



4.7



Summary



Absorption coefficient measurement using reflection method has been described in this project. The excitation signal of MLS has been chosen according to its advantages described. The system used is called MLSSA which is a commercial system embedded on a portable PC. An amplifier has been taken into the system for the purpose of driving the loudspeaker. This amplifier has been modified so that one could not change its gain by accident. This makes the measurement more reliable. A mid-range loudspeaker is chosen because it provides a good trade-off between availability and adequate bandwidth. It also has a short impulse response and a radiation pattern which is acceptable. A pressure type microphone positioned vertically has been selected because the incident sound and the reflected sound should be detected with the same sensitivity. A microphone preamplifier has been used for amplifying the weak signal. The gain of the preamplifier has been kept constant after a proper amount of gain was found. Thus, all the measurements have been done under same conditions. This preamplifier has an integrated bandpass filter. This filter has been activated and the passband has been set to 22:4Hz to 22:4kHz. Transmission : Reflected path with the reflector included Loudspeaker



Transmission : Direct path
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Figure 4.24: Block diagram of the implemented system. Figure 4.24 shows a block diagram of the system used in this project. The system consists of MLS system which is embedded on a portable PC system. The MLS generates the excitation signal for the amplifier which then amplifies the signal for the loudspeaker. The excitation, signal transmitted through the transmission paths, the direct path and the reflected path. Both direct sound and reflected sound are detected by the microphone. The microphone preamplifier including a bandpass filter amplifies the signal. The amplified signal passes back to the MLS system via an anti-alising filter. The MLS system determines the impulse response of the whole system.
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Chapter



5



Verification



The method for verifying the in situ measurements and the results are presented in this chapter. There are two different types of verification: One for verifying the method which is done in sections 5.1 and 5.2, and one type investigating the impact of changing various parameters in the measurements and signal processing, described in section 5.3. To verify the usefulness of the different extraction methods proposed in section 4.4, the two verification methods listed below have been used: 1. The absorption coefficients obtained with the three different extraction methods for normal incidence have been compared with the absorption coefficients found with the standing wave tube. 2. The absorption coefficients obtained at oblique incidence have been averaged and compared to tabulated values of the random incidence. The results shown in this chapter have been zero-padded, in order to use a full Blackman window and center the IR-peak at the maximum of the window function as described in section 4.5. In this way, it has been ensured that the weighting of the high energy contents is almost equal every time. It gives the side effect that the curves look smoother and extend to lower frequencies, but it should be noted that the values in the lowest octave plotted are not reliable. In section 5.3.4 the effect of zero-padding is examined closer. Also it must be noted that if a result obtained in situ deviates from those obtained with the standing wave tube it is not necessarily the in situ measurement result that is wrong. This
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Absorption coefficient



is because the standing wave tube measurements that have been carried out are not very reliable, which can be seen from figure 5.1. 1
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Figure 5.1: Absorption coefficient for carpet found with the standing wave tube; two large samples and two small samples. It shows the absorption coefficients found for two pieces of carpet for the large tube, and two pieces of carpet for the small tube. They have all been cut out of the same carpet. The reason why they do not match could be that the samples did not match the tube perfectly, so that there were slits at the edge. Also the standing wave tube used has a felt ring around the microphone probe to keep it airtight (see appendix E), but it seemed not to be completely airtight, as the loudness of the radiated sound from the tube changed when the probe car was moved. The sound radiation means a loss of pressure in the tube, and this should of course not change when moving the probe car. When the in situ measurements on Patinax were carried out, the noise floor was also measured. The procedure for this is described in appendix E. For the Patinax measurement using the subtraction technique the signal to noise ratio, SNR, is ascertained, and can be seen in figure 5.2. In the frequency area of interest, the signal to noise ratio is not less than 50 dB, which is definitely adequate. There is no reason to believe that it should be significantly different for the other measurements, as the set-up has been the same, but it has not been measured.



5.1



Normal Incidence Absorption Coefficient



For verification of the measurement results where to be compared to alternative data. The results have therefore been compared with the results obtained from the standing wave tube measurements. The extraction methods that have been compared to tube results are:
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Figure 5.2: The signal to noise ratio for in situ measurement of Patinax using subtraction technique. the dashed line are signal and the solid line are noise. 1. Windowing technique 2. Subtraction technique 3. Homomorphic deconvolution technique



The following materials have been used for comparison of all three techniques (see appendix E for a description of the measurements):







Rockfon batts; highly absorbing porous rockwool material.







Carpet; a synthetic carpet with a rubber base, and a thin layer of fibers.







Patinax plate; a plastic material, very rigid, highly reflecting.



5.1.1



Windowing Technique



Rockfon The result for Rockfon batts using the windowing technique is compared to the standing wave tube measurement in figure 5.3. It can be seen from figure 5.3 that the absorption coefficient values obtained with the in situ measurement using the windowing technique are generally higher, than those obtained with the standing wave tube. There are only values down to around 600Hz, and as mentioned before the value at the lowest frequency point can not be expected to be exact. Anyhow, the trend seems to follow that of the tube measurement.
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Figure 5.3: Tube measurement result (+ and *) and in situ measurement result (solid line) for Rockfon batts obtained using the windowing technique. Carpet The result for carpet using the windowing technique is compared to the standing wave tube measurement in figure 5.4. In this measurement, the carpet has been put on a small size, provisional floor in the anechoic room. The carpet has not been fixed, neither with tape nor with equivalent means. 1
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Figure 5.4: Tube measurement result (+ and *) and in situ measurement result (solid line) for carpet obtained using the windowing technique. The absorption coefficient values obtained in situ, at frequencies where they can be compared to those obtained with the tube method, are lower than the tube method values, except below 800Hz where the values found in situ are not reliable. In a quite large frequency band, from 1:5kHz to 4kHz, the values are less than 0.1, giving deviations of up to 0.4. Then the values rise with increasing frequency to 0.4 at 10kHz. Either the tube measurements or the in situ measurement yields unreliable results.
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Patinax The result for Patinax using the windowing technique is compared to the standing wave tube measurement in figure 5.5. 1
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Figure 5.5: Tube measurement result (+ and *) and in situ measurement result (solid line) for Patinax obtained using the windowing technique. The in situ absorption coefficient values do not differ more than 0.1 from those found with the standing wave tube, which is not a bad result, considering the low values. But the values are less than zero at many frequencies, which is intuitively unacceptable. However with the reflection method, small imprecision will inevitably sometimes lead to negative values for highly reflecting materials. Furthermore it is not physically impossible to get negative values in the case where only the inner Fresnel zone is present (see appendix B).



5.1.2



Subtraction Technique



The following results have been obtained using the subtraction technique on the Rockfon batts, the carpet and the Patinax plate fixed to the wall with double adhesive tape. Rockfon The result for the Rockfon batts using the subtraction technique is compared to the standing wave tube measurement in figure 5.6. The curve showing the absorption coefficient measured in situ extends down to below 300Hz, but can not be rendered reliable below 500Hz. For the windowing technique the lowest value was above 600Hz. The increased low frequency extension is due to the closer microphone position, which enables a longer time window, without getting contributions from outside the surface. The values above 1kHz fluctuate a bit, but as for the case using windowing technique (see figure 5.3), they are generally higher than those obtained with the tube. However, the results with the large and the small tube also deviate at overlapping
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Figure 5.6: Tube measurement result (+ and *) and in situ measurement result (solid line) for Rockfon batts obtained using the subtraction technique.



frequencies, implying that the tube measurement doesn’t yield the exact result. Carpet The result for the carpet mounted with double adhesive tape using subtraction technique is compared with the standing wave tube measurement in figure 5.7. 1
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Figure 5.7: Tube measurement result (+ and *) and in situ measurement result (solid line) for carpet obtained using the subtraction technique. The values of the in situ measurement can not be regarded reliable below 400Hz. The values come closer to those obtained with the tube, than do the ones using the windowing technique (see figure 5.4), except for a dip between 5kHz and 6kHz. At some frequencies the difference in absorption coefficient is more than 0.2.
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Patinax The result for the Patinax plate using subtraction technique is compared with the standing wave tube measurement in figure 5.8. 1
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Figure 5.8: Tube measurement result (+ and *) and in situ measurement result (solid line) for Patinax obtained using the subtraction technique. In the low frequency area below 500Hz the in situ measured absorption coefficients are almost 0.2 higher than those obtained with the standing wave tube. Between 600Hz and 5kHz the deviation is no more than 0.1. The tube value at 6:3kHz of 0.27 indicates that the Patinax starts absorbing, but the in situ measurement actually shows a dip in this frequency area. This is in contrast to the result of the windowing technique (see figure 5.5). Several factors could have introduced the discrepancies. Either the subtraction has not completely eliminated the impinging sound, the impulse response of the system has not died out within the time window or the physical measurement set-up for this file introduces some influence. If the cause is that the impulse response has not died out within the time window, this would also be the case for the windowing technique measurement, since it uses a shorter time window. But it could still yield a result that looks reasonable in that specific measurement, which would then simply be a coincidence.



5.1.3



Homomorphic Deconvolution Technique



The results shown using the homomorphic deconvolution technique are obtained using the same obtained signals as for the subtraction method. Any differences are therefore merely an effect of the signal processing. Rockfon On the Rockfon material the homomorphic deconvolution technique yields the result shown in figure 5.9.
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Figure 5.9: Tube measurement result (+ and *) and in situ measurement result (solid line) for Rockfon batts obtained using the homomorphic deconvolution technique. The agreement with the standing wave tube result is striking. The values below 400Hz can not be regarded reliable however for the in situ measurement. The discrepancies between in situ measurement and standing wave tube measurement are not larger than those between the large tube and the small tube. The curve is also quite close to the one obtained with the subtraction technique above 800Hz. Carpet In figure 5.10 the result obtained for carpet with the homomorphic deconvolution is shown. 1
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Figure 5.10: Tube measurement result (+ and *) and in situ measurement result (solid line) for carpet obtained using the homomorphic deconvolution technique. Values below 400Hz are not valid. Between 400Hz and 600 700Hz the values are higher than those obtained with the standing wave tube. Above 800Hz the values are lower than the tube values, with a deviation of up to 0.2. Above 1kHz the shape is very similar to that



5.2 Angular Absorption Coefficient



57



obtained with the subtraction technique (see figure 5.7). Also the dip between 5 and 6kHz is present. Patinax The result for Patinax obtained with the homomorphic deconvolution can be seen in figure 5.11. 1
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Figure 5.11: Tube measurement result (+ and *) and in situ measurement result (solid line) for Patinax obtained using the homomorphic deconvolution technique. The result obtained is very similar to that obtained using the subtraction technique. The curve has the same shape, but the deviations from the tube measurements are a little larger for the homomorphic deconvolution. Even the dip at 7kHz is present, so it is likely to be an artifact from the measurement itself, and not due to the signal processing.



5.2



Angular Absorption Coefficient



With the subtraction technique and homomorphic deconvolution technique it is very simple to make measurement with oblique incidence. Verifying the results obtained at oblique incidence is not as simple as verifying normal incidence, because there are no reference values. The only reference values are the random incidence values obtained using the reverberation chamber method [Sta86]. The results obtained at a number of angles have been integrated, or rather the discrete number of measurements have been averaged, and compared to tabulated random incidence octave band values. The material that has been measured and compared to table values is a brick wall. The brick wall that has been measured is the one that has also been used as background for the materials described in the previous section. The angles measured are 0Æ (normal incidence) to 75Æ using 10Æ steps up to 70Æ . In figure 5.12 the absorption coefficients at 0Æ , 20Æ , 70Æ and 75Æ obtained with the subtraction technique are shown.
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Figure 5.12: Absorption coefficient of wall at various angles. Upper figure: Solid: Normal incidence, dashed: 20Æ . Bottom figure: Solid: 70Æ , dashed: 75Æ . Figure 5.13 shows the averaged values and the tabulated values. The tabulated values from [ML94] are listed in table 5.1. The figure also shows the standard deviation in order to get an idea of where in the frequency range the result depends most on the angle of incidence. Center frequency Absorption coefficient



125 0.01



250 0.02



500 0.02



1k 0.02



2k 0.03



4k 0.04



Table 5.1: Random incidence absorption coefficients for brick, bare concrete surface [ML94].



It is clear from the table values that a brick wall is almost perfectly reflecting. The deviations between the in situ measurement result and the tabulated values is less than 0.15 in the frequency area between 600Hz (values at lower frequencies are not reliable) and 6:3kHz. Above 5kHz the standard deviation starts to increase, indicating large dependence on the angle of incidence. The smallest standard deviation is found between 1kHz and 4kHz.



5.3



Effects of varying setup parameters



This section describes how the effects of various parameters in the measurement setup and the following signal processing used for analysis, have been examined, and the results are presented. The main idea has been to change only one parameter at a time, to the extent that this is possible. This is to be certain that any resulting changes come from the parameter of
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Figure 5.13: Mean values (solid) with standard deviation (dotted) and tabulated values (dashed) [ML94]. interest, and only from this parameter. Sometimes changing one parameter can change the way another parameter affects the results, and changing only one parameter at a time will of course not reveal this. In som cases changing only one parameter at a time simply is not possible. The measurements chosen to show the effect of changing the parameters is stated in this section and arguments are given. The effect of the following parameters has been examined: 1. The length of the Maximum Length Sequence in a room with a given reverberation time. 2. The distance between microphone and sample surface. 3. How well (or rather bad) the sample is mounted on a rigid background. 4. Zero-padding the time-domain signal, to obtain increased frequency resolution. 5. Window effect, since changing the time window length changes the signal weighting done by the window function. 6. Increased window length allowing contributions to the reflection from outside the active surface. Each of these parameters are described in the following.



5.3.1



Length of the MLS



The length of the Maximum Length Sequence should be sufficiently long to let the sound field decay sufficiently within the period of the circular correlation (see appendix A for a
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description of MLS). The decay of the sound field in a room (after the sound source has stopped emitting sound) can be described by its Reverberation Time T60 [Kut73]. Therefore this has been measured for the room in which most of the in situ measurements have taken place, B2-109. The values can be seen in appendix E. How long the sequence must be to be sufficient is what this test should show. The method for detecting whether the MLS length is sufficient has simply been to find the absorption coefficients using the subtraction technique for the Patinax plate four times with the exact same setup. Only the MLS lengths have been changed, having the values shown in table 5.2. A sample rate of 60kHz has been used. Sequence length Time in ms



4095 68.20



16383 272.8



32767 545.6



65535 1091



Table 5.2: The MLS lengths used for obtaining the impulse responses.



The sequence can be considered long enough when increasing the sequence does not affect the absorption coefficients anymore. The method chosen for checking this has been to compare the absorption coefficient values obtained with decreased sequence length to those obtained with the maximum length of 65535 samples. The measurements were carried out on the Patinax plate using the subtraction technique. The residual of α, defined as the modulus of the difference at each frequency point has been plotted for all three comparisons in figure 5.14. 0.08 0.07 0.06
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Figure 5.14: Residuals between MLS length of 65535 and 32767 (solid), 16383 (dash) and 4095 (dashdot); subtraction technique, Patinax. The sum of residuals, divided by the number of frequency points to normalise, was 0.0021 for length of 32767, 0.0041 for the length of 16383 and 0.0204 for the length of 4095. But it is hard to conclude anything from these few numbers, except that the residual is smallest for the longest MLS. It would have been more informative with a higher amount of comparisons, to see how the residuals change as a function of sequence length. Where the curve flattens out would be where increasing the sequence length has no effect, thus there
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would no longer be time-aliasing. In figure 5.15 the absorption coefficients found with the four different lengths are shown. 1
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Figure 5.15: Absorption coefficients with sequence length of 65535 (solid), 32767 (dash), 16383 (dashdot) and 4095 (dot); subtraction technique, Patinax. Only with the shortest length of 4095 samples there seem to be a significant effect of timealiasing. Thus, in the chosen room B2-109, where most measurements have taken place, the sequence length of 65535 samples, at a sample rate of 60kHz, corresponding to more than a second, is sufficient, at least in the frequency area investigated here. This could also be expected from looking at the T60 (Appendix E), which is below 1 second for octave bands of interest.



5.3.2



Microphone-surface distance



To check whether the distance between the microphone and the sample surface has any influence on the results, some similar measurements, apart from the distance, have been compared. It has been chosen to show the influence for both the highly absorbing Rockfon material (figure 5.16) and the more reflecting carpet (in its tape mounted state) (figure 5.17). These results have been found using the subtraction technique. The distances used when measuring the Rockfon batts where 0:5cm, 1:5cm and 3cm. There is practically no effect on the absorption coefficient from changing the distance between microphone and surface when measuring the Rockfon batts. This is partly due to the very high absorption coefficient values, but still the effect is negligible. The distances between microphone and carpet surface were 1cm, 3:5cm and 6cm respectively. For the carpet, the influence of the distance on the result is much greater than for Rockfon batts. This is partly because a change in pressure reflection has greater influence on the absorption coefficient at low absorption coefficients (see section 2.3). Also the change in distance is bigger than for the Rockfon batts, thus any dependency would be magnified. The largest distance gives the smallest but most rapid fluctuations, while the smallest dis-
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Figure 5.16: Rockfon measured in situ at distances 0:5cm, 1:5cm and 3cm, subtraction technique.
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Figure 5.17: Carpet measured in situ at distances 1cm (solid), 3:5cm (dashed) and 6cm (dashdot), subtraction technique.
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tance has a quite large dip in the area 3kHz to 5kHz going down to 0 and then rises steeply to a local peak of 0.3 at 6kHz. Then at 9kHz it dips again and rises steeply beyond 10kHz. The distance of 3:5cm also shows some fluctuating behaviour, peaking at just above 3kHz and at 8kHz, and showing a dip between 5kHz and 6kHz. It seems that there is some connection between the fluctuations and the distance between the microphone and sample surface possibly some comb-filtering effect introduced by reflections between microphone and sample surface.



5.3.3



Sample mounting on the rigid background



To examine which influence the method of mounting the sample on the rigid background wall has, the carpet has been measured mounted on the wall with tape at the edges only, and with double adhesive tape, which is made for mounting carpets, between carpet and wall. Measurements at the same distances, 1cm, between microphone and surface have been compared. It seems that the mounting do have an influence on the measured absorption coefficient, possibly because the amount of air behind the carpet is different. 1
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Figure 5.18: Carpet measured in situ mounted with and without double adhesive tape, subtraction technique.



5.3.4



Zero-padding



Zero-padding the time domain signal can increase the frequency resolution when applying FFT. This will result in a the smoother curve which is more pleasant for analysis, and gives points at lower frequencies. The extra frequency points however, are only correct if the assumption that the signal is zero at the time where the zeroes are added holds. To check the effect of zero-padding, the absorption coefficients of a measurement with the carpet mounted with double adhesive tape has been compared to the zero-padded version of the
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same signal. It should be noted that the original signal also makes use of some zero-padding for ease of correct windowing (see section 4.5). This also implies a change in the window function, so the effects of this are not due to the zero-padding only. This original signal has then been zero-padded after windowing, in order to show the effect of zero-padding only. The result is shown in figure 5.19.
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Figure 5.19: The absorption coefficient with original signal (solid line) and zero-padded to 4 times the original length (dashed).



As can be seen the two signals give almost exactly the same absorption coefficient value curves. Only in the low frequency area can a slight deviation be spotted: the zeropadded curve is smoother, and it extents down to below 100Hz. The extension to lower frequencies are clearly useless in this case, as the absorption coefficient values are negative and therefore invalid.



5.3.5



Changing Window Length



The zero-padding can also be applied before the window function, to change the weighting of the signal. In figure 5.20 the effect of this is compared to that of zero-padding after windowing. The number of zeros is in both cases equal to the original signal length, so the signal length has been doubled. There is clearly an effect in the low frequencies when applying the zero-padding before the windowing, which means that the window weighting does have significant impact on the result obtained. This is because the incident sound and the reflected sound do not have the same shape, the reflected sound is “smeared out” by the filtering effect of the reflecting material. So even though the change in the window function is the same for the incident and the reflected signal the energy reduction caused by the window is greater for the reflected signal.
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Figure 5.20: Zero-padding before (solid line) and after (dashed line) applying Blackman window.



5.3.6



Removing Fresnel Zones



The effect of reducing the signal length is that the contribution to the reflected sound comes from a smaller area, thus Fresnel zones are removed. To investigate this without introducing the change from shortening the window, the original result has been compared to that obtained with a shortened signal which then has been zero-padded to retain the window length. In figure 5.21 the results for the carpet at 3:5cm are compared to those obtained when the signal was shortened to one half and one quarter the original length, giving signal lengths of 159, 80 and 40 samples. If the effect of removing Fresnel zones is dominant, the reduction of the window length will result in a change in absorption coefficient that is not constant with frequency. To see this, the frequency resolution must be high enough to include both the frequencies where the missing Fresnel zone would give a contribution in phase and out of phase. The effect is surprisingly small, and is mainly present in the low frequency area. This suggests that there is not much energy in the last part of the signal. The result is shown with linear frequency axis in figure 5.22 The signal reduced to one quarter the original length does deviate from the other two in a way that might suggest that it is due to lack of Fresnel zones, as it oscillates with a quite constant frequency above 4kHz. Figure 5.23 shows the transfer function of impinging sound and the reflected sound for all the three signals. It seems that using only one quarter of the signal removes part of the loudspeakers impulse response, and that this could be the reason for the deviations introduced when shortening the signal.
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Figure 5.21: Carpet with the original signal length (solid line) and reduced to one half (dashed line) and one quarter (dashdot) the original signal length, for removal of Fresnel zones.
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Figure 5.22: Carpet with the original signal length (solid line) and reduced to one half (dashed line) and one quarter (dashdot) the original signal length, for removal of Fresnel zones.
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Figure 5.23: The transfer function of impinging sound and reflected sound, for original signal length (solid), one half the length (dashed) and one quarter the length (dashdot).



5.3.7



Window length exceeding surface area



The length of the window has normally been chosen to include only the active surface, but here the signal has been increased to twice the original length of 159 samples, in order to see the effect of including contributions from outside the surface area. No parasitic reflections have been added to the pseudo free-field signal, even with this signal length. In order to eliminate deviations introduced by the windowing, the original signal has been zero-padded before windowing to gain the same length. Figure 5.24 shows the result of the original signal compared to the lengthened signal using the carpet measurements with microphone to surface distance of 3:5cm. There are small deviations in the low frequency area. The added contributions do not contain much energy. Figure 5.25 shows the transfer functions of the impinging sound and for the reflected sound with both signal lengths. Even at this length, it seems that the impulse response of the loudspeaker has not completely died out yet, as the differences seem to come in the incident sound. This implies that a loudspeaker with shorter frequency response could yield more reliable results.
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Figure 5.24: Absorption coefficients with original length (solid) and increased length including contributions from outside carpet surface.
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Figure 5.25: Transfer functions of impingning sound and reflected sound for original signal (solid) and increased signal length (dashed).
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Conclusion



Acoustic absorption coefficient measurement techniques based on the reflection method have been investigated. The reflection method makes in situ measurement possible. It also allows oblique incidence measurements. MLS method has been utilized, for the sake of low time consummation, high S/N ratio, and broadband information. The hardware tools have been made flexible, so that the measurements could have been done on desired positions with adequate accuracy along with the flexibility. Three processing techniques have been applied for the separation of the direct sound from the reflected sound. The methods are time windowing technique, subtraction technique, and homomorphic deconvolution technique. Time windowing technique separates signals in the time domain. This technique gives limited window length, limiting the frequency resolution. Subtraction technique extracts signals by subtracting the reflected sound with the direct sound. It allows the microphone to be positioned close to the surface giving a longer time windows. Consequently, the frequency resolution is higher. However, the technique requires two measurements, pseudo free-field measurement and the reflection measurement, to accomplish the task. It is crucial that these two measurements are done under the same conditions so that the pseudo free-field can represent the direct sound. Homomorphic deconvolution technique has been applied as the third technique. It also requires two measurements, but the constraints on the conditions are not so strict. This technique allows the same position of microphone as the subtraction technique and thereby gains longer window length for better frequency resolution than the windowing technique. The deconvolution gives the impulse response of the reflecting material directly, so the phase
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information is included. It is worth noting that the homomorphic deconvolution technique has not been successfully applied to the reflection method in practice before. Several parameters affect the measurements and the results. The effect of each parameter has been examined. The important parameters are:



    



Size of the sample; limits the duration of valid reflection, meaning that only the contributions from the surface are presented. Location of the measurement; determines the time-aliasing with a given MLS length, and determines the arrival time of the first unwanted reflection. Geometrical setup; the optimum geometry of the measurement setup, in the sense that it gives the longest analysis window, is closely linked to the first two parameters, but also depends on the angle of incidence. Impulse response of the measurement instrument; must be short to be contained in the analysis window. Analysis window function; change in weighting due to delay will change the result, when the window function is not rectangular.



The investigation found that the MLS based reflection method has some limitations. One obvious limitation is that it limits the window length by the factors described above, therefore the frequency resolution is limited. Inhomogeneous materials give results that highly depend on the microphone position which limit reproducibility of the measurement. The maximum available MLS length limits the maximum reverberation time of the room or alternatively the maximum sampling rate. Normal incidence absorption coefficients obtained in situ have been compared to the results obtained from the standing wave tube method. Three different materials were examined. The deviations are larger for reflecting material than for absorbing material, which is due to the quadratic relation with reflection factor. The results have the same trends as the results obtained from the standing wave tube method. Unfortunately the standing wave tube measurements have not given exact results, probably because of a defect in the instrument. So it can not be concluded how correct are the results. However it is clear that the results obtained in situ do not give the exact absorption coefficients, since they are subject to change with parameters such as the ones described above. Oblique incidence absorption coefficients have been obtained in situ for a brick wall. Unfortunately comparison could not be done directly, since there is no other method that can obtain the oblique incidence values. Thus the mean of results has been compared to table values of random incidence, which is equivalent to the average value over angles of incidence. The result shows that the values do not deviate more than 0:15 in the frequency range between 600Hz to 6300Hz. So it is possible to find the average value, corresponding to the random incidence case, but it can not be concluded whether the result at a specific angle of incidence is correct.
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The subtraction and homomorphic deconvolution techniques give higher frequency resolution than the time windowing technique. Measurements where the geometric setup is optimized also give increased frequency resolution. On the reflecting materials measured with the microphone positioned 3:5cm from the surface, they show a dip in absorption coefficient values at around 5 7kHz which is followed by a peak at around 8 9kHz. It has been shown that changing the distance changes the position of the dip and peak, so they are probably caused by reflections between the microphone and the surface. It has also been shown that the impulse response of the measurement system implemented was not short enough to be included entirely in the analysis window. This has influenced the obtained results. There is an obvious evidence that the results would be improved if the system had a shorter impulse response. The reflection method for obtaining absorption coefficient in situ needs more refinement for more accurate results. The examined results encourages this, it seems to be worthwhile. With the effects of the concerned factors in mind, the method might be improved significantly. The effects of the loudspeaker directivity and the frequency response of the measurement system still remain to be investigated, as well as the reproducibility of the process.
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Appendix



A



Maximum Length Sequence



The MLS method is chosen for obtaining the impulse response because of the superior S/N ratio compared to the impulse method. Compared with the TDS method, the MLS method is chosen because it is conducted in the time-domain. The appendix is based on [RV89]. The MLS is a binary periodic sequence generated by the use of delay lines. Normally the binary sequence consisting of 0’s and 1’s is mapped into -1 and +1 giving symmetry around zero. The length of the MLS sequence is: L = 2N



1



(A.1)



where N is an integer. L should be chosen so that the impulse response of the measured transmission channel has decayed to a sufficiently small value that can be neglected. It should be noted that the MLS sequence is not at all random, its periodic autocorrelation gives almost a periodic unit sequence. The periodic autocorrelation of a periodic signal s[n] is calculated by: φss [n] = s[n]Φs[n] =



L 1



∑ s[k]s[k + n]



(A.2)



k =0



Φ denotes the circular correlation. If s[n] is an MLS sequence, the periodic autocorrelation gives:



φss [0]



=



φss [n]



=



1 1 L



1 0;



(C.34)



k < 0:



From (C.31), one can infer the following properties of the complex cepstrum.



Property 1



The complex cepstrum decays at least as fast as 1=jkj. Specifically



jxˆ(k)j




 1). For the case when M = 1, the complex cepstrum will, in general, be nonzero for all times.



C.2



Band-Pass Homomorphic Signal Processing Approach



The major problem with applying homomorphic signal processing to measured signals is that homomorphic signal processing requires full-band signals. Unfortunately, most of the measured signals are band pass signals. It can be explained by the fact that the measuring systems have a limited bandwidth and a high sampling rate fs . So, a method has to be found to transform these band-pass signals from f1 to f2 into fullband signals from 0 to fs =2, where f1 and f2 are its cutoff frequencies. Two methods exists to solve that kind of problem. 1. Using Band-Pass Mapping. 2. Using a supplemental signal.



C.2.1



Band-Pass Mapping



Band-Pass Mapping transforms a band-pass signal into a full-band signal using the following transformation: ˆ= ω



π(ω ω1 ) ω2 ω1



(C.37)



where ω1 and ω2 are defined as the cut-off frequencies of the band-pass signal and ω1  ω  ω2 . After this transformation in the mapped frequency domain 0  ω  π the signal is therefore a full-band signal. The lower cut-off frequency ω1 changes to 0 whereas the higher one changes to π. This mapping is invertible. After filtering in the cepstral domain, the resulting signal is henceforth in the full-band domain, it is possible to invert back and recover the cepstral information pertaining to the band-pass signal. However, even though



C.2 Band-Pass Homomorphic Signal Processing Approach
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the basic amplitude structure of the deconvolved signal may be preserved, the polarity is not. There is also a limitation with regard to the implementation of this mapping when realized by interpolator-decimator structures.



C.2.2



Constructive Procedure for Band-pass Signals Using Supplemental Signals



Let’s consider a band-pass signal x(k) = r(k)  Electric(k), where r(k) is the impulse train sequence containing for instance the direct sound and the impulse response of the surface and Electric(k) the electric wavelet satisfying properties 1 and 2. Let’s define a signal Xrec (z) = X (z) + N (z) and a signal Y (z) = Xrec (z) + S(z) with the following characteristics:







The signal N (z) is defined as: 



N (z) = therefore







Xrec (z) =







0 ω1  ω  ω2 ; ε otherwise :



(C.38)



X (e jω ) ω1  ω  ω2 ; ε: otherwise:



(C.39)



where ω1 and ω2 are the cut-off digital frequencies of the bandpass signal X (ejω ), and ε is any constant (ε  1). The signal s(k), which is known as the supplemental signal, is the sum of the original signal xrec (k) and a signal si (k) with the following features. – si (k) is minimum phase. – si (k) is a impulse response with smooth spectrum of a high-pass defined above the cut-off frequency ω2 .



 



In general, y(k) can also be expressed as a linear combination of both s(k) and xrec (k), that is, y(k) = β1 xrec (k) + β2 s(k), where β1 and β2 are real constants, subject to the condition that jβ1 Xrec (z)=β2 S(z)j < 1. y(k) is full-band signal and suitable for homomorphic analysis.



The objective of this constructive procedure is to recover the complex cepstrum xˆ(k) from the full-band signal y(k). By taking the Z transform of y(k), we have 



Y (z) = Xrec (z) + S(z) = S(z) The complex cepstrum Yˆ (z) is then given by







Xrec (z) +1 S(z)







(C.40)







Xrec (z) +1 Yˆ (z) = ln[Y (z)] = ln[S(z)] + ln S(z)



(C.41)
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Homomorphic Signal Processing Defining Φ(z) = Xrec (z)=S(z) + 1, (C.41) can then be written as ˆ (z) Yˆ (z) = Sˆ(z) + Φ



(C.42)



Using the relationship expressed in (C.33), the second term of (C.41) we can be rewritten as ˆ (z) = Φ



∞



(



∑



n=1







1)n Xrec (z) n S(z)



n Xrec (z) ; S(z) < 1



(C.43)



ˆ (z) becomes Expanding the summation and factoring Xrec (z)=S(z) out, Φ 



ˆ (z) = Φ



Xrec (z) S(z)



"







1



1 Xrec (z) 2 S(z)











2



1 Xrec (z) + 3 S(z)







#



(C.44)



A new variable Γ is introduced as 



Γ(z) = 1



1 Xrec (z) 2 S(z)











1 Xrec (z) + 3 S(z)



2







(C.45)



ˆ (z) = ln[Φ ˆ (z)], it yields Defining Ψ ˆ (z) = ln[Xrec (z)] Ψ



ln[S(z)] + ln[Γ(z)]



(C.46)



ˆ (z) is found. ˆ (z) in (C.42), an expression for Ψ solving for Φ ˆ (z) = ln[Yˆ (z) Ψ



Sˆ(z)]



(C.47)



Combining (C.46) and (C.47), it yields "



Xˆ rec (z) = ln[Yˆ (z)



Sˆ(z)] + Sˆ(z)



ln



∞



∑



n=0



C.3







1)n Xrec (z) n+1 S(z)



(



n #



(C.48)



Application : Blind Deconvolution by Homomorphic Signal processing



The goal of deconvolution is to extract the reflection series r(k) and the electrical source Electric(k)from the measured signal x(k).



C.3.1



Deconvolution-Ideal Case



In the complex cepstral domain, these two signals could be assumed to occupy separate time frames so that deconvolution is simply a subtraction of signals. It can be assumed that the complex cepstrum of the measured signal has two parts: a slowly varying component and a rapidly varying component. This suggests that the two convolved components of x(k) (the



C.3 Application : Blind Deconvolution by Homomorphic Signal processing



^ x(k)



X



^ r(k)



g(k)



Figure C.7: Lifter operation in the cepstral domain.



g(k)



(a) k g(k) (b)



0



N 1



NN-N2 1



k



Figure C.8: Short-pass lifter and long-pass lifter.
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source and the reflection coefficient signals) can be separated by applying linear liftering or time gating. A short-pass lifter (low-pass frequency-invariant system) or a long-pass lifter (high-pass frequency-invariant system) can be used, depending on the wanted component. The lifter operation is shown in the following figure C.7 The lifter operation can be performed in the frequency domain by convolution or by multiplication in the time domain. Figure C.8(a) shows the time response of a short-pass lifter as needed for recovering an approximation of the slowly varying component, and Figure C.8(b) shows the long-pass lifter for recovering an approximation of the more rapidly varying component. Specifically rˆ(k) = g(n)xˆ(k)



(C.49)



where g(n) (long-pass) is defined as 



g(n) =



1 N1  n  N2 ; 0 otherwise:



(C.50)



or (short-pass) 8 < 1 0



g(n) =



 n  N1 1; 0 N1  n  N N2 ; : 1 N N2 < n  N 1:



(C.51)



where N represents the length of the sequence, and N1 and N of the lifter systems.



N2 are the cut-off samples



Comb lifters may also be used to separate the signal components, especially when it is possible to determine the signal arrival and the sample interval of the more rapidly varying component. The success of separating these signals can be largely based on how fast the magnitude of the complex cepstrum decays, i.e., the magnitude of the cepstrum must have decayed significantly in order to resolve the overlapping signals. Figure C.9 shows this case in which two signals occupy different time frames; therefore, no overlap occurs. Denoting the more rapidly varying component as 



rˆ(n) =



∑∞ i=1 ri δ[n 0



iM ]



n > N1; n < N1;



(C.52)



where N1 is the first arrival time, and M is the period of the impulse train, a sufficient condition for the complex cepstrum to be "resolvable" is when the amplitude of the slowly varying component is smaller than the amplitude of the more rapidly varying component at time n = N1 + iM, or



jrˆ(N1 + iM)j



>>



ˆ ˆ ˆ jElectric (N1 + iM )j jElectric (n + 1)j jElectric (n)j ;



where ω[n] represents the slowly varying component.
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