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Preface 
 

This report is the result of a study performed as a master thesis. The study involves different noise 

encapsulations intended for Scania trucks. The work was performed at the Marcus Wallenberg 

Laboratory for Sound and Vibration Research, MWL. 

The study consists of two parts. The first part is a comparison survey concerning the sound reduction 

qualities of different types of noise encapsulations. The second part is a modal survey of the standard 

noise encapsulation currently employed by Scania. The report is divided into two chapters each 

treating one of the surveys. 

Both chapters start with a short theoretical deduction and description of the method that is being 

used. Thereafter follows a practical description of how the survey was executed. The main results are 

given last in each chapter. 
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1. Sound reduction index measurements of different noise 

encapsulations. 
 

The main objective with these measurements is to get comparative results of the sound reduction 

performances of three different types of noise encapsulations. The noise encapsulations are used to 

reduce the external sound emission generated by the truck. The encapsulations consist of several 

parts which are mounted underneath the engine and gearbox of the vehicle. The measurements are 

performed with reference to the ISO 15186-1:2003 standard and earlier comparative sound 

reduction studies performed by/for Scania. 

In addition measurements with an acoustic camera were conducted to evaluate which parts of the 

noise encapsulation that are mostly permeable for the incident sound.   

The standard method to determine sound reduction indexes includes measurements on flat and 

preferably large samples of materials and structures. This is not the case here and therefore the 

results should not be compared with tabulated transmission loss values for different materials and 

panels, instead the results reflects the covers overall sound reduction performance compared to 

each other.    

 

1.1. Determination of sound reduction indexes between a reverberation 

room and an anechoic room. 
 

Below follows some definitions and a description of the main ideas behind sound reduction index 

determination according to the ISO 15186-1 standard. This is not a full description of the method and 

it is mainly given so that a reader who is unfamiliar with the method can follow the steps and 

measures that are conducted before and during the actual measurements. 

The sound reduction index of a structure is the difference between the incident sound power at one 

side and the transmitted sound power at the other side on a dB-scale according to the following 

equation, ref. [1]; 

  

                                         
  

  
   [dB]     (1)  

 

There W1 is the time average incident sound power and W2 is the time average transmitted sound 

power. This is obviously a simple equation, however, determination of the two sound power values is 

often quite precarious whereupon testing in a special laboratory facility is required. 

A remark that can be made here is that as an acoustician you normally cannot measure and describe 

sound field properties such as the sound power incident on a surface directly, instead one usually 
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measure the sound pressure and assume that some relationship between sound pressure and other 

properties holds, e.g. the wave equation. 

To perform measurements according to the ISO 15186-1 standard you need a reverberation room 

with a test opening into a room with sufficiently large absorption of sound to fulfill certain 

requirements, e.g. an anechoic room. Below follows some definitions of terms that are being used.   

A reverberation room is a chamber designed so that when one inserts an acoustical source, such as a 

loudspeaker, and excites it with a random signal with equal power within a fixed bandwidth at any 

center frequency i.e. white noise, the resulting sound field will approximate a diffuse field. 

An ideal diffuse field is a sound field in which sound waves are travelling in all directions without 

preferences and with the same magnitude and random phases. Therefore in the ideal diffuse field 

the time averaged sound pressure will be the same at all points in space. 

 

An anechoic room is designed so that its walls, sealing and floor ideally will totally absorb incident 

sound waves and thereby preventing them from being reflected. A consequence of this is that if one 

inserts a sound source in an anechoic room, then all existing sound waves will originate directly from 

that source.         

Sound intensity is a vector that describes the sound power per area and its direction at a point in a 

sound field. Since power is given by force times velocity and acoustic pressure is given by force over 

area we get the following equation for sound intensity, ref. [1]; 

 

              [W/m2]  (2) 

   

 

There p is the acoustic pressure and    is a vector describing the direction and magnitude of the 

particle velocity. 

Let us now assume that we have mounted a flat test object so that one side faces a diffuse field and 

the other side faces a room without any reflection of sound waves and that insulation ensures that 

acoustic energy only can travel between the two sides via the test object itself, as in figure 1-1. Then 

the incident sound power from a sound wave hitting the test object is given by, ref. [1]; 

 

                        
   

  
             [W]  (3) 

 

There    is the r.m.s value of the sound wave´s pressure, ρ is the density and c is wave speed of the 

medium that gathers the diffuse field. S is the area of the surface and θ is the angle between the 

surface normal direction and the direction of incident wave. Here the wave is assumed plane and 

harmonic and also the linear equation of motion is assumed to be valid.  
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Figure 1-1 The test object is mounted in an opening between the two rooms. A sound wave strikes 

the surface in an angle of θ degrees relative its normal direction.   

 

In an ideal diffuse field any point in space will have a large number, N, of waves hitting it. The total 

sound pressure in the point is built up by the sum of the N waves' contributions. If we assume a unit 

sphere around one of these points then the N number of incident waves will be randomly distributed 

over its area which equals 4π. 

 

To calculate the total incident sound power on our test object we can integrate over a unit half 

sphere surrounding each point of its surface multiplied with the waves per area ratio on the surface 

of the sphere, N/4π, which gives the following expression; 
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Figure 1-2 An incident wave is hitting a point of the flat test objects surface. Centered around the 

point is a unit half sphere. An infinitely small area segment of the half sphere surface can be 

written as: dA = 2π sin (θ)  dθ.  

 

Since the total sound pressure at each point in the diffuse field is built up by the N waves, whose 

phases per definition are uncorrelated the following relationship holds; 

                                                                           
         (5)  

There      
  is the r.m.s value of the total sound pressure. 

Hence;                                                  
     

   

    
  (6) 

 

Since the total sound pressure is the same at all points in a diffuse field one can measure it in any 

point and from that calculate the sound power incident on the test object. 

From the derivations above we now have a both simple and convenient way to calculate the incident 

sound power, W1, in the sound reduction index equation. Let us now continue by tackling how to 

measure the sound power that is transmitted through our test object.   

Inside the anechoic room all present sound waves will originate directly from the test object. This 

means that the surface of the test object facing the anechoic room works as a sound source. If we 

can measure the time and space averaged intensity over its surface and multiply with the area we 

will get the transmitted sound power and can directly calculate the sound reduction index. 

θ 

Incident 

sound wave 
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However, as mentioned earlier in the text most sound field properties besides the pressure are 

difficult to measure directly and the intensity is not an exception. Therefore one usually has to 

measure it indirectly.  

The usual way one estimates the intensity is to use an intensity probe that consists of two 

microphones with a short and fixed distance in between them. Knowing the sound pressure and the 

distance between two adjacent points one can estimate the particle velocity as follows. 

The linear equation of motion in one dimension for a fluid particle, see ref. [1], gives the following 

relationship between the pressure, p, and particle velocity, u; 

                                                        

                                                                        
 

 
 

  

  
           (7) 

   

   When performing measurements with an intensity probe this expression is approximated by the 

following equation, ref. [2]; 

                                                                  
 

    
              (8) 

There Δr is the distance between microphone A and microphone B, this means that one 

approximates the pressures variation in space with a straight line between the two microphones. 

This is a good approximation when the wavelengths are large compared to Δr, but will cause an error 

that grows with increasing frequency. 

The sound pressure is approximated with the mean value from the two microphones. Multiplying 

that with the particle velocity approximation above gives the following expression for the intensity; 

                                                              
     

      
                

       (9) 

If we conduct a measurement and perform a Fouriertransformation of the two sampled sound 

pressure signals it can be shown that the intensity in the frequency domain is given by; 

                                                               
 

    
           

 

    
    (10) 

There ω is the angular frequency and        means the imaginary part of cross spectrum between 

the sound pressure signals A and B.  

The most common way to present the intensity values is in 1/3 octave bands, these values are 

calculated either by using the frequency domain formulation and adding together the components 

with frequencies within the same 1/3 octave band or by using the time domain formulation with 1/3 

octave band filtering of the signals.  

To perform reasonably accurate intensity measurements one has to scan at a distance of at least 0.2 

m in average, ref. [2]. This means that one has to define one or several measurement surfaces that 

totally enclose the test object. The surfaces are then scanned with the probe directed normal to the 

surface being scanned. The transmitted sound power is calculated as the total area of the 

measurement surfaces times the time and space averaged intensity. 
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Since the measurement surfaces totally encloses the object all sound waves radiating from the test 

object has to pass through one of the measurement surfaces. If the edges in the anechoic room 

absorb all incident sound waves without reflection, then the sound waves, whose pressure we 

measure when scanning, all will originate directly from the test object. However, with the probe we 

only estimate the intensity in the direction intersecting the two microphones, if the intensity vector 

has another direction we will measure a lower value corresponding to multiplying the intensity 

vectors magnitude with the cosine value of the angle between the probe and the intensity vector. 

Hence the measured intensity will to some extent vary between different measurement surface 

definitions, scanning patterns, persons conducting the scanning etcetera, a more extensive 

discussion about causes of error and accuracy level will follow the results later in this chapter. 

With the equations and definitions made above we can now derive the following expression for the 

sound reduction index; 

                                                                       

     
   

    

     
    (11) 

There In is the space and time averaged intensity normal to the measurement surfaces and Sm is the 

total area of the measurement surfaces that have been scanned. 

In principle all commercial acoustic measurement systems states the measured quantity on a 

standardized logarithmic scale relative to a reference value, called the level of the property. 

Therefore it would be convenient to rewrite the sound reduction equation so that it consists of those 

levels instead of the physical values. Let us therefore introduce the definitions of the sound pressure 

level, Lp, and the sound intensity level, LI; 

                                              
   

    
                                               (12) 

 

                                               
  

    
                                                   (13) 

If we then use that log (x/y) = log(x) – log(y) the following expression can be derived for the sound 

reduction index; 

                                                 
  

 
       

 

 
      

    
 

        
               (14) 

If we neglect the last term which normally is in the order of a centesimal decibel and round off the 

10×log(1/4) term to minus six we get the following equation; 

 

                    
  

 
                (15) 

This final equation is the one used, with 1/3 octave band values, to calculate the sound reduction 

index following the ISO 15186-1 standard. 
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1.2. Sound reduction index measurements 

1.2.1 Test objects 

The measurements were performed on the noise encapsulation currently in use and on a new 

prototype from Caracoustics. The prototype could be equipped with two different types of inner 

casings, one consisting of an absorbing material and the other of hollow plastic cubes with resonator 

characteristics. 

Distinctive for both noise encapsulations are the absence of an airtight sealing and the presence of 

apertures in association with edges between the parts and at a service hatch/opening. To get a 

comprehension how this affect the overall transmission loss for the noise encapsulations the 

measurements were also conducted with all edges and openings sealed. 

Another objective of these measurements was to determine which one of the two inner casings who 

possessed the best reduction qualities. This comparison was also made with the edges sealed in 

order to inflate the effect of the inner casings performances in the overall transmission loss and 

thereby facilitating the distinction between the two. 

Altogether the sound reduction index was determined for five test objects according to table 1.1, 

where the noise encapsulation currently in use is named original and unsealed correspond to the 

normal way of mounting the parts on a vehicle.     

 

  Noise encapsulation Mounting Inner casing 

1 Original unsealed - 

2 Prototype unsealed absorbent 

3 Original sealed - 

4 Prototype sealed absorbent 

5 Prototype sealed resonator 

 

Table 1.1 The test objects. 

 

The noise encapsulations were built up by parts with the following article/prototype numbers. The 

differing inner casing materials were only attached to the four bottom parts of the prototype 

composition. The prototype numbers of those four bottom parts are marked in red in table 1.2. 
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Original     Prototype   

      Absorbent Resonator 

Article nr Mass (g) Prototype nr Mass (g) Mass (g) 

1917840 5250 2102079-1 600 600 

1506898 3475 2102080 680 680 

1872299 4825 21196304 1105 1105 

    2119631 1070 1070 

    2119649-1 1200 1200 

    2119649 1165 1165 

    2102082 980 1215 

    2119632 1110 1005 

    2119633 1990 2230 

    2102081 2995 3115 

Total mass (g) 13550   12895 13385 

 

Table 1.2 The different parts of the noise encapsulations. 

  

During the measurements the covers was installed on a wooden frame with the same dimensions as 

the Scania F950 chassis frame, the same frame was used for all the measurements. The frame was 

mounted in between the reverberation room and the anechoic room and it was possible to shift the 

covers without any disassembling of the frame or the surrounding partition. 

Plywood boards were sawn to fit the open ends of the noise encapsulations, see figure 1-3 and 1-6. 

The cover borders facing the frame and the plywood boards were made airtight by an acrylic sealant. 

The two noise encapsulations had different dimensions in the end corresponding to the front 

direction of the vehicle, whereupon two different boards had to be employed there. 

The sealing of edges and openings between different cover parts were done by duck tape, this will 

not make the noise encapsulations completely airtight. However, this sealing procedure ought to 

roughly reflect the effects one could get by improving the air-tightness of the noise encapsulations in 

practice.         

Inside the anechoic room ten measurement surfaces totally enclosing the noise encapsulations were 

defined. It was possible to keep all surfaces except one exactly the same when shifting from the 

original to the prototype composition. The total area of the measurement surfaces were for all cases 

approximately, Sm ≈ 4.82 m2. 

Consequently it was possible to keep the mounting and measurement conditions very similar for the 

different test objects. This is of course desirable when conducting a comparison study, because if all 

conditions remains the same between two measurements except the test object itself, then the 

difference in the results will only reflect the difference between the test objects. 
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The sound reduction indexes were calculated according to equation (15), which is reiterated here for 

convenience.  

                  
  

 
              

There Lp is the sound pressure level inside the reverberation room and Sm is the total area of the 

measurement surfaces enclosing the covers inside the anechoic room, LI is the mean normal sound 

intensity level measured on the Sm surfaces. S should be the area of the test object facing the 

reverberation room, but since the covers are quite irregular and non flat this is difficult to calculate. 

Instead S was chosen as the area of the opening in the wall i.e. the inner area of the frame. Since the 

opening is kept exactly the same and the measurement surfaces almost the same the log-term in the 

equation above will in principle be a constant affecting all results the same, therefore the choice of S 

will not affect the difference in sound reduction indexes between the noise encapsulations. This way 

of choosing S is also the same as in earlier sound reduction studies performed by/for Scania. The 

inner area of the frame was measured to be: S ≈ 1.48 m2. 

The sound pressure level inside the reverberation room was measured via a microphone mounted on 

a rotating boom and calculated with a long averaging time in a FFT-analyzing system. This was done 

so that the measured sound pressure level would correspond to the time and space averaged level 

inside the reverberation room.  

  

 

Figure 1-3 Test object 1; the original composition unsealed. 

 

 



14 
 

 

 

Figure 1-4 Test object 2; The prototype composition unsealed. 

 

 

 

Figure 1-5 Test object 3; The original composition sealed with duck tape. 
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Figure 1-6 Test object 4; The sealed prototype with absorbent inner casing. 

 

 

  

Figure 1-7 Test object 5; The sealed prototype with resonator inner casing. 

   



16 
 

1.2.2. Test setup 

The measurements were performed in the anechoic room and the reverberation room at MWL. 

During the measurements the climate of the rooms were within the following limits; 

Temperature:  17.7°C – 24.1 °C 

Relative humidity:  30 % – 54 % 

Ambient air pressure:  890 m Bar – 912 m Bar 

The following instruments were used: 

Larsson & David LD 2900B, serial number B0710 

Larsson & David intensity probe LD2260, serial number 0175 

B&K microphone type 4942, serial number 2360830 

B&K power amplifier type 2718, serial number B271602007 

B&K microphone boom type 3923, serial number 681298 

Larsson & David calibrator LD CAL200, serial number SN3856 

G.R.A.S intensity calibrator type 51AB, serial number 29559 

Personal computer with Spectral PLUS (FFT analysis software) 

MWL-Uno UA-1G, unit 2, (external soundcard)  

GFal Acoustic camera serial number 01-06-05-0000 

B&K omnidirectional sound source type 4241, serial number 460575 

 

The intensity probe could be equipped with different spacers. A short spacer will normally have 

better high frequency accuracy and a long spacer will have better low frequency accuracy. The 

LD2900B analyzing system gives a quality index value for each 1/3 octave band when an intensity 

measurement has been performed, this index should be between zero and minus ten decibel. 

Several test measurements were performed with a 13 mm and a 26 mm long spacer. Common for 

both spacer were that they normally did not fulfill the quality index criteria at the lowest and highest 

frequency bands measured. However, the longer spacer generally managed to fulfill the criteria from 

a couple 1/3 octave bands lower than the long spacer, while the higher frequency characteristics for 

the two were similar. The variation between the results of sequent identical measurements at lower 

frequencies was also higher with the shorter spacer which could be interpreted as an indicator of 

poorer quality. Therefore the 26 mm spacer was employed during the measurements. 
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1.3. Results of the sound reduction index measurements 

The sound reduction index was determined for five test objects, see table 1.1. For the first one, 

unsealed original, the intensity scanning was conducted three times as a repeatability evaluation. 

The other four test objects were scanned twice in accordance with the ISO 15186-1 standard. 

Below is a table over sound intensity levels and the resulting sound reduction index per 

measurement of the first test object. The sound pressure level inside the reverberation room was 

tuned to be as similar as possible between the measurements and was within a couple of tenths dB. 

This was mainly done to make the measurements done by the acoustic camera as comparable as 

possible. One can notice that the reduction index number variance has low values in the mid 

frequency range corresponding to where the quality index criteria mentioned above is fulfilled 

 

First measurement Second measurement Third measurement

1/3 Octave band L-pressure L-intensity L-pressure L-intensity L-pressure L-intensity 

160 Hz 55,65         33,49              55,65         32,25              55,19         35,37              

200 Hz 59,75         33,79              59,75         36,20              58,84         35,48              

250 Hz 61,91         35,86              61,91         36,87              61,72         37,35              

315 Hz 60,60         35,43              60,60         35,92              60,48         36,04              

400 Hz 66,25         39,32              66,25         40,15              65,79         39,61              

500 Hz 67,45         40,76              67,45         40,72              66,98         40,91              

630 Hz 66,12         36,75              66,12         37,71              66,00         37,03              

800 Hz 65,58         34,49              65,58         35,48              65,45         34,79              

1000 Hz 66,65         34,01              66,65         34,75              66,11         34,20              

1250 Hz 66,68         33,42              66,68         34,24              66,32         33,68              

1600 Hz 68,53         34,07              68,53         34,78              68,22         34,38              

2000 Hz 70,14         34,99              70,14         35,36              69,94         35,02              

2500 Hz 71,85         36,09              71,85         36,48              71,80         36,02              

3150 Hz 71,28         34,63              71,28         35,21              71,16         34,38              

4000 Hz 68,61         32,41              68,61         32,79              68,55         31,75              

5000 Hz 66,81         31,60              66,81         32,35              66,90         30,33              

6300 Hz 66,25         32,16              66,25         32,94              66,59         30,12              

8000 Hz 61,17         27,89              61,17         27,53              61,86         24,40              

10000 Hz 58,11         22,04              58,11         24,96              58,22         19,07               

Table1.3 Measured sound pressure levels and sound intensity levels for test object 1, (dB) 
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1/3 Octave band TL 1  (dB) TL 2  (dB) TL 3 (dB) Mean value (dB) variance of R

160 Hz 11,0            12,3            8,7               10,7                       3,3                      

200 Hz 14,8            12,4            12,2            13,1                       2,1                      

250 Hz 14,9            13,9            13,2            14,0                       0,7                      

315 Hz 14,0            13,5            13,3            13,6                       0,1                      

400 Hz 15,8            15,0            15,0            15,3                       0,2                      

500 Hz 15,6            15,6            14,9            15,4                       0,1                      

630 Hz 18,2            17,3            17,8            17,8                       0,2                      

800 Hz 20,0            19,0            19,5            19,5                       0,2                      

1000 Hz 21,5            20,8            20,8            21,0                       0,2                      

1250 Hz 22,1            21,3            21,5            21,6                       0,2                      

1600 Hz 23,3            22,6            22,7            22,9                       0,1                      

2000 Hz 24,0            23,6            23,8            23,8                       0,0                      

2500 Hz 24,6            24,2            24,6            24,5                       0,1                      

3150 Hz 25,5            24,9            25,6            25,4                       0,1                      

4000 Hz 25,1            24,7            25,7            25,1                       0,2                      

5000 Hz 24,1            23,3            25,4            24,3                       1,1                      

6300 Hz 23,0            22,2            25,3            23,5                       2,7                      

8000 Hz 22,1            22,5            26,3            23,7                       5,4                      

10000 Hz 24,9            22,0            28,0            25,0                       9,0                       
 

Table 1.4 Sound reduction index, mean value and standard deviation for test object 1 

 

 

 

 

 

Figure 1-8 The transmission losses from the three measurements versus frequency. 
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The repeatability is not as good as one would expect putting it in relation to previous measurements 

performed with the same equipment and at the same test facility. However, this test object is quite 

different than those earlier ones, since it consists of several parts not fixed together. According to 

the ISO 15186-1 standard the measurement accuracy should normally, given the fulfillment of certain 

criteria during the measurement, be within 1 dB. This could indeed be fulfilled in most of the 1/3 

octave bands in the figure 1-8, it is however, definitely not fulfilled at the highest frequency bands, 

see table 1.4. From now on the average values of the measurements on each test object will be 

presented and the 1/3 octave band values above 4 kHz will be excluded. 

 

 

Test object 2 Test object 3 Test object 4 Test object 5

(unsealed prototype) (sealed original) (sealed prototype) (sealed prototype)

(absorbant) (absorbant) (resonator)

1/3 Octave band Lp [dB] LI [dB] Lp [dB] LI [dB] Lp [dB] LI [dB] Lp [dB] LI [dB]

160 Hz 73,2     57,4        55,1     33,3 72,0 52,9 72,2 53,6

200 Hz 70,0     52,1        59,1     33,2 69,3 47,1 69,5 47,1

250 Hz 63,2     45,7        63,0     36,0 62,1 40,1 62,7 38,7

315 Hz 66,1     45,7        60,1     33,7 64,4 39,6 64,9 42,2

400 Hz 67,3     44,5        66,4     37,9 66,2 39,2 66,5 43,7

500 Hz 67,4     42,8        67,8     38,9 66,5 38,5 66,8 42,5

630 Hz 69,9     43,2        66,6     35,3 69,1 38,5 69,4 41,9

800 Hz 70,3     44,0        65,9     32,4 69,5 37,6 69,7 42,8

1000 Hz 71,7     42,8        66,5     31,8 71,2 37,6 71,4 42,4

1250 Hz 70,7     41,3        66,9     30,8 70,3 35,9 70,5 40,8

1600 Hz 71,0     43,2        68,4     31,2 70,6 34,8 70,7 43,6

2000 Hz 68,2     41,5        70,2     31,7 68,4 32,0 68,3 39,9

2500 Hz 67,8     40,6        71,9     32,4 68,2 30,0 67,9 40,6

3150 Hz 66,6     47,6        71,4     30,0 67,2 26,9 66,8 47,5

4000 Hz 67,7     46,4        68,9     26,5 68,5 26,2 68,1 46,3

 

Table 1.5 Measured sound pressure level and sound intensity level for test objects 2-5, (dB) 

 

In the next table the sound transmission losses for all five test objects are given together with their 

weighted sound reduction index, Rw. The weighted sound reduction indexes are obtained by shifting 

the values of a transmission loss reference curve up or down one dB at a time. This is done until the 

sum of the non-negative values of the reference value minus the measured value is as large as 

possible without being larger than 32. Then the reference value at 500 Hz becomes the weighted 

sound reduction index. The advantage with this approach is that one gets a single number describing 

the sound reduction of a structure. On the other hand one looses information about how the sound 

reduction characteristics of the structure vary with frequency. Also since the reference curve only 

has values in the 1/3 octave bands between 100 Hz and 3150 Hz the behavior of a structure outside 

that frequency interval will not be reflected by its´ weighted sound reduction index. Directions and 

methodology for determining the weighted sound reduction index is given in the ISO 717-1 standard.             
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Test object 1 Test object 2 Test object 3 Test object 4 Test object 5

(unsealed original) (unsealed prototype) (sealed original) (sealed prototype) (sealed prototype)

1/3 Octave band (absorbant) (absorbant) (resonator)

160 Hz 10,7 4,7 10,7 8,0 7,5

200 Hz 13,2 6,8 14,8 11,0 11,2

250 Hz 14,0 6,4 15,9 10,9 12,9

315 Hz 13,6 9,3 15,3 13,6 11,6

400 Hz 15,3 11,7 17,4 15,8 11,7

500 Hz 15,4 13,4 17,8 16,9 13,2

630 Hz 17,8 15,5 20,1 19,4 16,4

800 Hz 19,5 15,2 22,3 20,7 15,8

1000 Hz 21,0 17,8 23,7 22,5 17,9

1250 Hz 21,6 18,2 24,9 23,3 18,6

1600 Hz 22,9 16,6 26,1 24,7 16,0

2000 Hz 23,8 15,6 27,4 25,4 17,3

2500 Hz 24,5 16,1 28,4 27,1 16,2

3150 Hz 25,4 7,9 30,3 29,2 8,2

4000 Hz 25,1 10,1 31,2 31,2 10,6

Rw 21 15 23 21 15

 

 Table 1.6 Sound reduction index and weighted sound reduction index for the test objects (dB). 

 

 

Figure 1-9 The transmission losses for the five different test objects. 
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The results show that the noise encapsulation currently in use has better sound reduction qualities 

than the prototype both when being sealed and unsealed. The inner casing consisting of a damping 

material is superior to the one with resonators. 

Notable is that the difference in transmission loss between the composition currently in use and the 

prototype with absorbent inner casing decreases considerably after they have been sealed. 

 A significant difference between the prototype and the original composition is that the prototype 

consists of ten different parts while the original consists of three or four parts depending on how you 

count. Also the prototype has a non covered opening for engine service access while the original 

instead has a turnable hatch. Therefore the sealing of the prototype required far more duck taping of 

edges and openings than the original did. 

The fact that that the transmission loss for the prototype improves much more when being sealed 

than the transmission loss of the original does could imply that these apertures and openings have a 

strong negative effect for the overall sound reduction performance of a structure. This will be 

analyzed and discussed further in connection with the acoustic camera measurements later in this 

chapter. 

 

1.4. Grade of accuracy and error analysis of the sound reduction results 
 

1.4.1 Rating of the error contributions from the different terms.  

The sound reduction indexes that have been calculated in the previous section is yielded by the 

summation of three separate terms; sound pressure level in the reverberation room, normal sound 

intensity level on a measurement surface and ten times the logarithm of the ratio between the 

measurement surface and the surface of the test object, see equation (15). 

The area of the measurement surface and the area of the test object were determined by measuring 

tape. This was a both simple straight forward to perform and therefore the accuracy should be quite 

high. Let us for example assume an error of ten times twenty centimeter in the computation of the 

measurement area this will only correspond to an error in the determined reduction index of two 

hundreds of a decibel which is negligible. 

The determination of the sound pressure level was done with a microphone attached to a rotating 

boom. The measurement system was calibrated with a sound level calibrator. The accuracy in this 

kind of measurement is in general considered to be very high e.g. compared to sound pressure level 

measurements performed in other environments and/or in one point in space. One possible source 

of error is if the level generated by the calibrator deviates from the level it is labeled with. A typical 

value for the accuracy of a sound level calibrator is  0.3 dB, ref. [2]. Since the microphone in the 

reverberation room and the two microphones on the intensity probe all were calibrated by the same 

calibrator such an error should to some extent cancel itself out when the sound reduction index is 

computed. Also since the same calibrator and measurement equipment were employed for all 

measurements, which all were carried out during a short time period under similar environmental 

conditions, the effects of such an error should effect all measurements in a similar fashion. The aim 

with these measurements is to conduct a comparison study, therefore it is mainly the difference in 
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sound reduction performance between the test objects that is of interest and therefore an error that 

effect all results equally is of subordinate importance. 

While executing the test measurements it was noticed that the time and space averaged intensity 

values often varied up to one dB between subsequent measurements with unaltered conditions. The 

uncertainty of the measured intensity level is therefore with high likelihood of a significantly higher 

order than the uncertainty of the sound pressure level and the area estimations. 

Another reason to be concerned with the accuracy of the generated intensity level is that 

occasionally the measured intensity levels magnitude was higher than the average sound pressure 

level measured by the probe over a subsurface to the measurement surface enclosing the test object 

inside the anechoic room. This is not physically possible since both the sound pressure and intensity 

in a point is built up by all sound waves intersecting it. As a consequence of this the intensity will 

have a maximum magnitude when all waves are traveling in the same direction.   

Then assuming free plane waves and that the principle of superpositioning holds we get the 

following relationship; 

 

                                           
   

   
   

            

         
   

   

   
   

       (16) 

 

If we insert this expression in the definition of the sound intensity level and compare it with the 

definition of the sound pressure level, both given in section 1.1, it is easy to see that the sound 

intensity level is close to the sound pressure level when all waves travel in the same direction but 

that it never should exceed the sound pressure level.  

The rest of this accuracy and error analysis section will be devoted the intensity measurement since 

it give rise to more uncertainty than the other measurements that was performed. 

As described in section 1.1 the intensity probe measures the sound pressure with two microphones 

which are being hold at a fixed distance between each other by a spacer. There after the intensity is 

estimated via an equation consisting of the pressure values and the distance between the 

microphones. This method has both an upper and a lower frequency limit for a given accuracy level. 

The upper frequency limit correspond to that the pressure is assumed to vary linearly between the 

microphones. This approximation will deteriorate with increasing frequency when the wave lengths 

become shorter and shorter.  A rule of thumb is that for an upper frequency limit for accuracy within 

1 dB is that the wavelength should be larger than six times the spacer distance, ref. [2]. Hence; 
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Here c is the speed of sound and fhigh is the upper frequency limit. With the spacer being used, 0.026 

m, we get an upper frequency limit of about 2.2 kHz. 

The lower frequency limit is determined by the phase mismatch between the two channels. When 

we calibrate the microphones of the intensity probe we adjust the level shown by the instrument to 

a correct level for both channels. The phase between the two channels is on the other hand not 

adjusted. This means that even if the microphones are exposed to exactly the same input there will 

still be a difference in phase between the two channels. 

The phase of a sound wave changes 360 degrees over one wavelength, therefore the phase change 

per distance will increase with frequency. To ensure a certain level of accuracy the phase change of 

the sound wave between the two microphones has to be sufficiently larger than the phase mismatch. 

A typical value for the phase mismatch of an acoustical measurement system is 0.3 degrees ref. [2]. 

It can be shown that at low frequency for accuracy within 1 dB the phase change over the spacer 

distance should be more than five times the phase mismatch. Hence; 

 

                                                       
                  

         
  (18) 

 

This gives a lower frequency limit for a 0.026 m long spacer of about 55 Hz. 

A suitable remark here is that the intensity probe that was used could be equipped with spacers of 

different lengths. Test measurements were made with a 13 mm long and a 26 mm long spacer. It was 

then found that the variance between sequent identical measurements was lower at the 1/3 octave 

bands between 100 Hz and 315 Hz with the 26 mm spacer. The measured levels in the higher 

frequency bands seemed to be quite unaffected by the choice of spacer length. This is why the 26 

mm spacer was chosen. 

 

1.4.2. Degree of accuracy of intensity measurements 

In the standard ISO 9614-2, which treats the determination of sound power levels from a noise 

source by sound intensity, it is described how to determine the accuracy of an intensity 

measurement. The principle is the same in ISO 15186-1 but formulated in the form of demands that 

must be fulfilled. Below follows terms and definitions that are being used. 

 

Pressure residual intensity index,     
 

If the same signal is fed to both microphones the intensity reading on the measuring instrument 

should be zero, since this corresponds to no particle velocity in the direction of the probe. However, 

the instrument will still indicate an intensity level because of the phase mismatch between the 

channels. The magnitude of this intensity level will vary with the magnitude of the “pressure” signal 

fed to the two microphones but the difference between the intensity level and the sound pressure 

level measured by the probe will normally be constant. This constant with different values in 

different 1/3 octave bands is named the pressure residual intensity index and is defined as; 
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                                                                                                                                      (19) 

There Lp is the average sound pressure level measured by the two microphones of the probe and LI0 

is the measured intensity level that ideally should be zero. 

This index was measured by inserting the two microphones in a cavity with a small sound source. This 

sound source was fed with pink noise whereupon the following difference between sound pressure 

level and sound intensity level was measured; 

Table 1.7 

Frequency (Hz) 100 125 160 200 250 315 400 500 630

P-I index (dB) 13,3 14,2 14,7 15,1 15,3 15,5 15,6 15,6 15,6

Frequency (Hz) 800 1000 1250 1600 2000 2500 3150 4000 5000

P-I index (dB) 16 15,7 15,8 16,2 16,6 17 18,1 21,1 25,2

  

For the instrument to be able to detect and measure the intensity with some sort of accuracy the 

intensity level must be less than the P-I index value below the sound pressure level. In addition the 

precision of the measurement is considered higher the further above this limit the intensity level lies. 

One can look at the P-I index as measure of the noise floor in the system, then a signal that has a 

magnitude significantly higher than the noise floor will be detected with a smaller relative error than 

a weaker signal. 

Dynamic capability index, Ld 

The dynamic capability index is defined as; 

                                                                                (20) 

There K is called bias error factor and is a number chosen after the grade of accuracy. 

Table 1.8 

Grade of accuracy Bias error factor 

Precision (grade 1) 10 

Engineering (grade 2)  10 

Survey (grade 3) 7 

  

Surface pressure-intensity indicator, FpI 

The surface pressure field indicator is the difference between the sound pressure level, Lp, and the 

normal intensity level,(without direction sign), LIn, on the measuring surface, both being time and 

surface averaged; 

                                                                                   (21) 
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A demand that must be fulfilled for the intensity measurement to be considered acceptable is; 

                                                                                  (22) 

Choosing the bias error factor to seven this was fulfilled for the intensity measurements that were 

performed for the 1/3 octave bands between 125 Hz and 8000 Hz. When choosing the bias error 

factor to ten the requirement was fulfilled for almost all frequency bands of the measurements but 

not all. When the requirement was not fulfilled it was with less than a half dB.  

To achieve the two highest grades of accuracy an additional field indicator, the negative partial 

power indicator, have be computed. The negative partial power indicator,   , is defined as; 

 

                                                                          
     

   
              (23) 

Here P is the sound power, which is equal to intensity times area, and i is the order number of a 

subarea to the total measurement area that has been scanned. The indicator gives consequently a 

measure of how much the direction of the intensity varies between the different subareas. If the 

intensities of all subareas are directed outwards relative the source this term will be zero. The 

requirement that must be fulfilled for the measurement to be deemed acceptable is; 

                                                                                   (24) 

This requirement was fulfilled for all the measurements from 125 Hz and upwards. 

 The last requirement is that the standard deviation between two measurements does not exceed 

the values stated below; 

Table 9. 

1/3 octave band center frequency  Maximal allowed standard deviation (dB) 

  50 Hz – 160 Hz 3 

200 Hz – 315 Hz 2 

400 Hz – 5000 Hz 1.5 

 

For the performed measurements this was fulfilled, with a couple of exceptions at the lowest 

frequency bands, from 160 to 5000 Hz. 

The intensity measurements did consequently fulfill the requirements for grade 3 accuracy with 

good margin but did not fully fulfill the requirement for the higher grades of accuracy.  

A clarification that can be made here is that you cannot decide in advance which grade of accuracy 

your measurement is going to have. It is first after a measurement has been done that you can 

evaluate the accuracy of it. If the accuracy has to be improved then the measurement has to be 

conducted once again with some modification, e.g. with different measurement surfaces or 

improved absorption in the receiving room, until the requirements are fulfilled. 
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A couple of other elucidations, in the previous sections there are two different sound pressure levels 

that are being treated, the sound pressure level in the reverberation room and the sound pressure 

level at the head of the intensity probe. The later is just used in the quality evaluation of the intensity 

measurement while the first one is used directly when calculating the reduction indexes. Also 

performing calculations involving the intensity level one must bear in mind that intensity is a vector 

with both direction and magnitude, a negative intensity level just correspond to an intensity with a 

magnitude lower than the reference value, while the direction of the intensity must be putted into 

consideration when one calculates the time and space averaged intensity over the measurement 

surface.   

 1.4.3. Overestimation of the intensity level 

When a subsurface of the measurement surface had been scanned with the intensity probe the 

resulting time averaged intensity levels were in a few cases higher than the probes´ time averaged 

sound pressure level in a 1/3 octave band. This is as elicited in section 1.4.1 normally not physically 

possible and can be seen as indicator of error. When these unphysical intensity-pressure ratios 

occurred it was usually in one of the lower frequency bands.   

Considering the equation that is used for estimating the intensity via two pressure sensors, given in 

the first part of this chapter, for the magnitude of the measured intensity level to be larger than the 

sound pressure level, the time averaged sound pressure level must differ between the two 

microphones. There is to this author´s knowledge three different reasons that can cause this to 

occur. 

1. Sound waves are travelling in a direction perpendicular to the probe only intersecting one of 

the microphones. In this case the noise encapsulation is the only sound source inside the 

anechoic room in addition the measurement surfaces were defined so that the probe always 

was directed towards the surfaces of the covers. Therefore it is very unlikely for this to have 

occurred during these intensity measurements. 

 

2. The intensity probe is within the near field range of the covers’ surfaces. If we make the 

somewhat stretched assumption that the covers acts like a rigid circular plate and that the 

surrounding partition is a rigid infinite baffle. Then it can be shown that, at one single 

frequency, the sound pressure amplitude along the center axis varies with the distance, r, 

from the surface according to, ref. [4]; 

 

                                                          
  

 
     

  

           (25) 

There k is the wave number, a is the radius of the plate and r is the distance from the surface, 

the constant consists of several omitted terms including a source term. Below is a plot of 

pressure amplitude versus the distance from the surface of the plate. The maxima and 

minima positions of the curve will be shifted depending on how the variables are chosen, 

however, the principal behavior will be the same with a pressure amplitude that varies 

rapidly with distance close to the surface of the plate. 
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 Figure 1-10 Example of the sound pressure’s near field behavior. 

  

If the pressure sensors of an intensity probe were placed in the vicinity of this plate´s surface, 

there the sound pressure amplitude varies a lot with distance, then the intensity reading of 

the instrument would be incorrect. This is due to that the physical circumstances that are 

assumed, a sound wave with the same amplitude travelling between the pressure sensors, is 

not fulfilled. 

Of course in this case the actual test objects i.e. the noise encapsulations are far from 

infinitely rigid. The plotted curve shows the behavior at one fixed frequency, during the actual 

measurements all frequencies within the range of the white noise driving the source will 

contribute to the total sound pressure. However, this just means that it is very difficult 

deduce a mathematical model of how the sound pressure varies in space around a real 

vibrating structure, the physical principle is the same. 

It is quite plausible that it was these near field effects that caused the intensity level reading 

of the instrument to exceed the sound pressure level. An indication for this is that this error 

occurred at surfaces that on average lied closer to the underlying test object than the others. 

3. Reflected sound waves causes a difference in sound pressure level between the two 

microphones of the probe. Ideally the surfaces of the anechoic room should absorb all 

incident sound, however, this is not possible to achieve in practice. The anechoic room that 

was used for these measurements is equipped with walls upholstered with wedges consisting 

of mineral wool. The walls have been affirmed to absorb over ninety-nine percent of the 
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incident sound power down to a lower frequency limit corresponding to a wavelength four 

times longer than the length of the wedges. Since the wedges are a bit longer than one meter 

this frequency limit will be roughly 80 Hz. In other words the measurement method and the 

retrieved results will not be valid below this limit. 

To arrange the measurement setup an area, corresponding to the partition there the test 

object was mounted, had to be stripped from absorbing wedges. This meant that the partition 

and the test object were encircled by a metallic doorframe with two wide open doors, see 

pictures above. 

These hard surfaces as well as the partition will have considerably inferior absorption 

properties than the rest of the anechoic room and thereby engender a non negligible 

reflection of sound power at all measured frequencies. 

 

Let us assume that the sound that strikes these hard surfaces consists of plane and harmonic 

waves and that the energy losses caused by the medium they travel through, i.e. the air, are 

negligible. Then at a point on an axis in a waves travelling direction with a sound pressure 

amplitude maximum there will be a minimum in the amplitude of the particle velocity and 

vice versa.  

This corresponds to the physical principle of the travelling wave and to preservation of 

energy, the energy of a wave is transformed backwards and forwards between pressure and 

velocity as it travels in the media. 

A hard surface like a metallic frame has a significantly larger resistance against motion than a 

fluid media like air. This means that the fluid particles at the boundary to the surface are not 

able to move to the same extent as the other ones.  

Consequently for the sound waves striking the frame there will approximately be a pressure 

maximum and a velocity minimum at the surface. 

It can be shown that when a wave traveling in one media intercepts another media a part of 

the energy will be reflected and generate a new wave in the first media according to Snell’s 

law. 

Since all the reflected waves have a pressure maxima at the vicinity of the surface points they 

originate from, their contribution to the total sound pressure will to some extent vary in 

space. When an intensity probe consisting of two pressure sensors is inserted in such a sound 

field then the sound pressure level measured by the two microphones will not be identical. 

However, during the performed measurements each microphone would constantly have been 

exposed to a large number of reflected waves originating from different points of the 

reflecting surfaces. Bearing in mind that the intensity measurement of a subsurface involves a 

substantial amount of averaging both in space and time it is unlikely that the presence of 

reflected waves could cause the intensity level reading of the instrument to exceed the sound 

pressure level. 

The overestimation of the intensity level by the instrument is most likely caused by near field 

effects. A possible cause of action is then to define new measurement surfaces at a further 

distance from the surface of the test object.  

Unfortunately in this measurement case it was not possible to increase the distance between the 

problematic measurement surfaces and the covers due to their vicinity to the surrounding metallic 

frame. 
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1.4.4. Incomplete absorption and the human factor 

The anechoic room is not able to completely absorb the sound that is radiating from the noise 

encapsulation under test which was assumed during the derivation of the sound reduction equation. 

Therefore a sound wave originating from a test object striking some surface inside the room will 

generate a reflecting wave with considerably smaller amplitude than that of the incident wave. Most 

of these reflections will strike some other surface of the room whereupon they generate a second 

reflecting wave with even smaller amplitude and so on. Some waves will however be reflected back 

upon the test object and thereby affecting the intensity measurement. 

The time and space averaged intensity is yielded by the sum of all waves contributions. Therefore the 

measured intensity level will become lower than it would be if no sound waves were reflected back 

upon the test object, this because the direction of these reflected waves is negative relative the 

measurement surface normal direction. 

The person conducting the intensity measurement by scanning the measurement surfaces will also 

affect the sound field and give rise to reflections. 

The recommended way to perform an intensity scanning is by letting the probe peregrinate along 

imagined straight lines over the surface. When the probe is close to edge of the surface it should 

make a half circular turn and travel along a thought line parallel to the first one. When the entire 

surface has been scanned in this fashion it should be redone with a scanning patter ninety degrees 

turned compared to the first one, e.g. first left-right and then up-down. This way a checkered 

scanning pattern is created. The velocity of the probe should be constant, this is however difficult to 

achieve at the edges when the probe has to change direction of movement. The intensity at the 

edges will therefore normally be overrated in the overall time and space averaged intensity. The 

entire surface is not scanned and the measured intensity values only correspond to the scanned 

lines. If the intensity varies a lot compared to the density of the scanning mesh the measured values 

can vary a lot depending on the scanning pattern.    

It is the intensity normal to the measurement surface that should be measured and therefore the 

probe as to be directed exactly orthogonally against the surface. This is impossible to achieve for a 

human being and is therefore a cause of error. 

Since it is impossible to perform two sequent intensity measurements exactly the same one will 

often get a difference in the results even if the measurement object and the surrounding 

environment is kept exactly identical. The results will also often differ considerable between different 

persons operating the probe.    

An Achilles heel of intensity measurements is this problem with repeatability and that the results to a 

relative large extent is operator dependent. For this reason all the measurements that are included in 

this study were performed by the same person and effort were putted into conducting the scanning 

as similar as possible.  
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1.5. Acoustic camera measurements 

1.5.1. Physical principle and technique used for image generation  

An acoustic camera consists of an ordinary camera surrounded by an array of microphones. 

Performing a measurement both the camera and the microphones are facing the object under test. 

The distance between the test object and the acoustic camera is measured and logged into the 

software used to operate the camera. 

If a part on the surface of the test object radiates sound waves in all directions, then this sound will 

reach the microphones at different times since the distance between the radiating part and the 

different microphones will vary, see figure 1-11 below; 

 

 

Figure 1-11 

 

If one is able to determine the time difference for the sound waves to reach their respective 

microphones, then knowing the perpendicular distance between the microphones and the surface as 

well as the sound speed it is possible to compute from which area of the surface the sound 

originates. 

It is assumed that the radiation is direction independent relative the microphones. Then a time shift 

that yields a maximum value of the cross correlation function between the two microphone signals is 

equal to the difference in time for the sound waves to reach their microphones. 

Mic 1 

1 

Mic 2 

Test object 
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The example above is simplified into a 2-dimensional problem only involving two microphones, 

however, if one increases the number of microphones and place at least some of them in a linearly 

independent fashion, then the same principle can be used to compute where the sound originates in 

the 3-dimensional case. 

Normally the entire surface of an excited test object will radiate sound, then it is often of interest to 

know which parts of the surface that radiates the most. It is an estimation of this difference in 

radiated sound power per area unit between different parts of the test object that is essentially 

computed by the software of the acoustic camera. 

The results are then often displayed in a transparent color scale overlaid on a picture of the test 

object. The overlaid colors correspond to different sound pressure levels in accordance to a scale 

displayed at the side of the picture. 

The acoustic camera is however, not a sound pressure level meter and these values should therefore 

mainly be seen as an indication of how much the radiated sound power varies between different 

parts of the test structure. 

The microphones of the acoustic camera will be affected and react to all incident sound waves e.g. 

other sources than the test object and reflections of sound waves originating from surrounding 

surfaces. This makes the problem to evaluate and performing calculations from the microphone 

signals and thereby locating the primary sound sources very intricate and complex. As a consequence 

of this the precision of the measurements will generally be higher if a couple not to close together 

sound sources dominates the sound field i.e. the resolution in space between different sound 

sources are quite low. Also if the measurement is performed on several sound sources 

simultaneously there is a risk that the weaker ones will be drowned by the stronger ones and not at 

all appear in the generated picture. 

Another weakness at least with the camera employed for these measurements is that there is no 

indication for the quality of a performed measurement, therefore it is difficult to assess the accuracy. 

Bearing these limitations in mind the acoustic camera is a very power full and fast diagnostics tool 

when one encounters and investigates acoustical problems. Often one can locate the origin of an 

undesirable noise in a couple of minutes. 

 

1.5.2. Interpretation of the generated images 

The color scale that is used to emblematize the sound pressure level at different parts of the test 

object will vary between different images. The area with the highest sound pressure level of the 

measurement is marked with purple and the area with the lowest sound pressure level is marked 

with light blue, the levels in between are marked in accordance to a hue scale going from light blue 

to purple. However, both the magnitudes of the maximal and minimal sound pressure levels as well 

as the range between them will vary from measurement to measurement, therefore the exact same 

hue will correspond to different sound pressure levels in different pictures. 

The hue scale and the corresponding sound pressure levels are placed at the right hand side of the 

generated pictures and should be engaged when one interpret an image. 
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The acoustic camera measurements that was done in this study were performed on the noise 

encapsulations in the same fashion as the sound reduction index measurements, i.e. the 

compositions was mounted between the reverberation room and the anechoic room. 

The reverberation room consists of very hard and non sound absorbing walls and is also equipped 

with hard screens hanging from the roof, the purpose of this is to enable the generation of a sound 

field emulating an ideal diffuse field. 

Due to the shape of the covers under test all sound waves that strikes a point of a cover will not 

originate directly from the reverberation room, see figure 1-12; 

 

 
Figure 1-12 

 

 

The cover is blue in the figure above and is mounted in an opening between the reverberation room 

and the anechoic room. The angle θdir corresponds to the range of angles the waves incident directly 

from the reverberation room may have. The sound waves that strike this point from other angles will 

be reflections originating from some other point of the cover.  

The surface of the cover has a relative high absorption and the energy of a reflected sound wave will 

therefore in average be lower than the sound waves incident directly from the reverberation room. 

Furthermore due to the geometry of the cover the angles of the incident sound waves are no longer 

randomly distributed. 

 

Therefore even if one is able to generate an ideal diffuse field in the reverberation room, the 

incidence on the surfaces of the covers will differ from the incidence upon a plane surface in an ideal 

diffuse field. As a consequence of this the incident sound power per area will vary between different 

parts of the cover. 
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Knowing the geometry and absorption factor of the cover it is possible to compute how the incident 

sound power varies between different points. However as these data are unknown let us instead 

outline the problem in broad terms; 

 

The sound waves incident on a point directly from the reverberation room will in average contain 

more energy than the others. The incident sound power from a sound wave is proportional to cosine 

the angle between the normal direction of the surface and the direction of the incident sound wave.  

Considering these two facts there should be a maximum of incident sound power in the middle of 

the bottom part of the cover. The incident sound power should also in average be higher the 

shallower the cover part is. 

  

This means that even if all areas of a cover has exactly similar sound reduction properties there will 

still be a difference in radiation of transmitted sound power between different areas. When one 

evaluates the images generated by the acoustic camera this should be taken into account.   

 

 

 

 

 

 

 

 

 

 

 

1.6. Results of the acoustic camera measurements 

Measurements were performed on the same five test objects as in the reduction index 

measurements, see table 1.1. 

During a measurement all the microphone signals are sampled into a measurement file. This 

measurement file can then be processed into an image that is colored according to computed sound 

pressure levels as described above. Before the picture is generated it is possible to choose which 

frequency range to include. This is done with a Butterworth filter and you can select upper and lower 

frequency limits from 1 Hz up to half the sampling frequency. Following this procedure images of the 

test objects in the 1/3 octave bands from 100 Hz to 8000 Hz were generated. For the two unsealed 

test objects the openings and gaps in association with the service hatch and between the parts 

dominates the radiation of sound, see pictures below; 
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Figure 1-13 The service hatch of the original noise encapsulation seen from the anechoic room, a 

view corresponding to looking up underneath the truck. The light from the reverberation room 

shines through the two largest openings, marked by the red rings. 

 

 

 

Figure 1-14 The corner of the original gearbox cover and an adjacent part. The overlaying wood 

stud is part of the frame with the same dimensions as an actual chassis frame of the truck. The 

fitting between the parts causes a gap marked with the red ring.  
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Figure 1-15 The prototype composition seen from the anechoic room. There is no hatch covering 

the service opening and you can see right through into the reverberation room. 

 

 

Figure 1-16 The design of the prototype covers causes apertures at their boundaries.  
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The acoustic camera measurements show that the largest openings dominate the radiation of sound 

at the lower frequencies. At higher frequencies the radiation from smaller openings like gaps will 

almost be in parity with the larger openings. The physical explanation for this is that the wave length 

of the sound waves will decrease with frequency. If the wave length is small compared to an opening 

it is possible for a wave to travel trough it unaffected and with negligible losses. Below follows some 

pictures as examples of this, the images are displayed in contour mode to facilitate the distinction 

between the different colors.  

 

Figure 1-17 Unsealed original composition in the 2 kHz 1/3 octave band, one can clearly see how 

the maximum estimated sound pressure level is centered around the service hatch. 

 

 

Figure 1-18 Unsealed original composition in the 4 kHz 1/3 octave band, the highest sound 

pressure levels are situated at the edges between the cover parts as well as at the service hatch. 
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Even after the noise encapsulations have been sealed there still often is a higher sound pressure level 

at the areas around the sealed edges and openings, but the difference in sound pressure level 

between different areas are now lower. This means that the sound reduction properties of the 

encapsulations are more uniformly distributed over their areas after being sealed. Considering that 

the sealing was performed with duck tape whose sound proofing qualities are quite low this is as one 

would expect. Below follows some images as examples of this. 

 

Figure 1-19 Sealed original composition in the 2 kHz 1/3 octave band. The difference in sound 

pressure level between different parts is lower than in the unsealed case.  

 

Figure 1-20 Sealed original composition in the 4 kHz 1/3 octave band, the highest sound pressure 

levels are situated at the edges. The sound pressure level at gearbox cover is lower than on the 

other parts.  
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Figure 1-21 Sealed prototype, test object 4, in the 2 kHz 1/3 octave band, the highest sound 

pressure levels are situated around the edges. 

 

 

Figure 1-22 Sealed prototype, test object 4, in the 4 kHz 1/3 octave band, the highest sound 

pressure levels are situated at the middle edges. 

The sound pressure level at surfaces with absorbent material underneath seems to get quite low in 

the higher frequency bands. This is probably because the sound waves travel a larger number of 

wave lengths through the absorbent at higher frequencies. Besides this the different parts of the 

prototype composition seems to have equivalent sound reduction qualities. For the original 

composition on the other hand the gearbox cover seems to be a bit superior to the other cover parts 

especially at higher frequencies. 
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The short ends of the covers, which were made airtight with an acrylic sealant, seems to generally 

have lower sound pressure levels than the gaps and edges sealed with duck tape. This could be an 

indication for that the sound reduction index could have been improved even more with a more 

meticulous sealing method. 

As mentioned earlier the acoustic camera should not be employed as sound pressure level meter, 

however, with the sound pressure level in the reverberation room tuned as similar as possible 

between the different test objects the mutual order between sound reduction index and overall 

sound pressure level measured by the acoustic camera were the same. However, was the difference 

between the prototype with resonators and the prototype with absorbent material not as large as 

one would expect given the large difference in reduction index. The illation that the sound reduction 

of the absorbent inner casing is larger than that of the resonator inner casing is however, still valid 

according to the acoustic camera.         

In summary the acoustic camera measurements confirms the findings of the reduction index 

measurements i.e. that the presence of openings and apertures strongly degrade the sound 

reduction qualities of the noise encapsulations. 

 

      

1.6. The noise encapsulation from an energy perspective 
 

Sound waves as well as structural waves in solid materials are a form of energy. It has been shown in 

experimental studies that if, two or more structures which all have a large number of resonances 

someway are connected to each other, then there will be a transfer of acoustic energy between the 

systems trying to make the energy per resonance ratio between the systems equal.  

This could be compared with how for example heat travels between two rooms with different 

temperature. Depending on the presence of heat sources in the rooms and the degree of insulation 

between them one will get different temperatures in the rooms, however, the energy will always 

travel in a direction towards equilibrium between the subsystems. 

This physical principal will probably be valid for many structures of a truck at least in higher 

frequency bands containing many resonances. It is then in principle possible to construct a statistical 

energy analysis model with different subsystems like the air volumes in the cabin and around the 

engine. Then one has to derive a mathematical expression for the energy connection between the 

systems experimentally and/or analytically. This is outside the scope for this study, so let us instead 

look at the role of the covers in this problem from a more pragmatic point of view. 

The function of the covers is mainly to prevent noise from being emitted from the engine. When the 

covers are mounted underneath the engine they will to some extent enclose a volume of air. Let us 

now assume that we reconstruct the covers making them tighter so that less noise will be transfered. 

Then there will be a higher content of acoustic energy in the air volume enclosed by the covers, this 

in its turn will yield a new point of equilibrium between the energy of the subsystems with a higher 
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content of energy in all of them. This could for example increase the noise level inside the cabin of 

the truck which is highly undesirable. 

To prevent the rise of these problems one must take measures to ensure that the acoustic losses 

increases sufficiently to keep the acoustic energy content in the enclosed volume from growing.  The 

simplest way to achieve this is probably to add more absorbent materials to the construction. The 

absorbent will transfer acoustic energy to heat when stricken by sound waves. Another approach is 

to extinguish sound waves by striking them with other waves in anti-phase, which in principle is the 

idea behind the resonator approach (test object five), this is however, often more difficult to apply in 

practice. 

Hence; improved sound reduction characteristics of the covers should be supplemented with an 

increase of the acoustic losses.          

 

1.7. Summary 
 

 The measurements were performed on the engine- and gearbox covers currently in use and on a 

new prototype from Caracoustics. The prototype could be equipped with two different types of inner 

casings, one consisting of an absorbing material and the other of hollow plastic cubes with resonator 

characteristics. 

Distinctive for both noise encapsulations are the absence of an airtight sealing and the presence of 

apertures in association with edges between the parts and at a service hatch/opening. To get a 

comprehension how this affect the overall transmission loss for the noise encapsulations the 

measurements were also conducted with all edges and openings sealed. 

Another objective of these measurements was to determine which one of the two inner casings who 

possessed the best reduction qualities. This comparison was also made with the edges sealed in 

order to inflate the effect of the inner casings performances in the overall transmission loss and 

thereby facilitating the distinction between the two. 

Altogether the sound reduction number was determined for five test objects according to the table 

below, where the noise encapsulation currently in use is named original and unsealed correspond to 

the normal way of mounting the covers on a vehicle.     

 

  Noise encapsulation Mounting Inner casing 

1 Original unsealed - 

2 Prototype unsealed absorbent 

3 Original sealed - 

4 Prototype sealed absorbent 

5 Prototype sealed resonator 
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The following results were attained; 

 

   Table of sound reduction index and weighted sound reduction index for the test objects (dB). 

Test object 1 Test object 2 Test object 3 Test object 4 Test object 5

(unsealed original) (unsealed prototype) (sealed original) (sealed prototype) (sealed prototype)

1/3 Octave band (absorbant) (absorbant) (resonator)

160 Hz 10,7 4,7 10,7 8,0 7,5

200 Hz 13,2 6,8 14,8 11,0 11,2

250 Hz 14,0 6,4 15,9 10,9 12,9

315 Hz 13,6 9,3 15,3 13,6 11,6

400 Hz 15,3 11,7 17,4 15,8 11,7

500 Hz 15,4 13,4 17,8 16,9 13,2

630 Hz 17,8 15,5 20,1 19,4 16,4

800 Hz 19,5 15,2 22,3 20,7 15,8

1000 Hz 21,0 17,8 23,7 22,5 17,9

1250 Hz 21,6 18,2 24,9 23,3 18,6

1600 Hz 22,9 16,6 26,1 24,7 16,0

2000 Hz 23,8 15,6 27,4 25,4 17,3

2500 Hz 24,5 16,1 28,4 27,1 16,2

3150 Hz 25,4 7,9 30,3 29,2 8,2

4000 Hz 25,1 10,1 31,2 31,2 10,6

Rw 21 15 23 21 15

 

 

Figure showing the transmission losses for the five different test objects. 
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The results show that the noise encapsulation currently in use has better sound reduction qualities 

than the prototype both when being sealed and unsealed. The inner casing consisting of a damping 

material is superior to the one with resonators. 

Notable is that the difference in transmission loss between the composition currently in use and the 

prototype with absorbent inner casing decreases considerably after they have been sealed. 

 The acoustic camera measurements confirm the findings of the reduction index measurements i.e. 

that the presence of openings and apertures strongly degrade the sound reduction qualities of the 

noise encapsulations. 

If a noise encapsulation with improved sound reduction characteristics is introduced then it should 

be supplemented with an increase of the acoustic losses to avoid higher noise levels in other parts of 

the truck. 
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2. Modal survey of the currently employed noise encapsulation 
 

The objective of this study is to gain an understanding of how the currently used cover composition 

will behave when being excited by various forces. The information of the study is obtained in the 

form of modes.  

Having procured the modes of the encapsulation it is, at least to some extent, possible to predict 

how its behavior will change by shifting its physical properties e.g. mass and stiffness. One could also 

facilitate or obstruct a certain mode shape by e.g. altering the design of the covers making them 

more or less stiff for movement in a certain direction or by changing the mounting of the covers. 

The results of this survey can also be used to improve the accuracy of finite element method models 

involving the noise encapsulation. 

The employed method is called experimental modal analysis. The concepts and main ideas of the 

method are described in section (2.1), thereafter limitations and weaknesses of the method are given 

in section (2.2). The actual survey is described from section (2.3) and onwards. 

Experimental modal analysis is in many respects a very practical technique and therefore the 

theoretical deductions are made from an implementation perspective. Also due to this the first two 

theoretical sections are closely linked to how the survey is executed and references between the 

theoretical and practical sections will be made. However, the reader who is already familiar with the 

method can with benefit skip the first two sections.     

(Clarification: In the text mode frequency and modal center frequency are used as synonyms). 

  

2.1. Determination of modes from the dynamic flexibility    
 

A pediment of the modal analysis theory is the assumption that the motion of a structure is built up 

by the sum of the contributions from all modes of the structure, i.e. a mode sum. How much each 

mode will contribute to the total motion depends on how the structure is excited, nevertheless each 

mode will to some extent make up a part of the total movement of the structure. 

2.1.1. Equation of motion   

One can formulate the equation of motion for a mechanical system containing a mass matrix [M], a 

stiffness matrix [K], a force vector    and a displacement vector    as, ref. [1]; 

                                                            
    

                   (26)

                        

The mass and stiffness matrixes could e.g. represent a system of discrete masses connected to each 

other via springs. Another possibility is that they are calculated from a large number of finite 

elements representing the structure with each node value represented as an element in the 

displacement and force vector. One could also define the vector x as the displacement at a number 
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of measurement points and estimate the element values of the matrixes from measured values of 

the force and the displacement vectors.  

If one assume harmonic motion i.e.; 

                                                                                      (27) 

 

There    is the amplitude of the displacement, ω is the angular frequency and t is time. Then each one 

of the N solutions of the systems characteristic equation will correspond to a mode frequency ωn and 

a mode vector Ψn satisfying the following equation; 

                                                      
                                n = 1, 2, . . . , N  (28) 

At the mode frequency the motion of the structure is only limited by its losses since it correspond to 

a movement that do not require any driving force. The mode vector describes a relationship between 

the elements of the displacement vector, this corresponds to how the structure will be deformed by 

the mode and is often referred to as the mode shape. 

  

2.1.2. Diagonalization of the equation of motion 

If we construct a matrix Ψ with the mode vectors as columns it can be used to diagonalize the system 

matrix, i.e. the equation of motion (26) can be transformed into N uncoupled equations. This is done 

by transforming the vectors and matrices to their modal counterparts in the following manner. 

                             

Modal displacement vector:                                            (29) 

                           

Modal force vector:                                     (30) 

   

Modal mass matrix:                                                (31) 

 

Modal stiffness matrix:                                                      (32) 

  

Modal equation of motion:                                             (33)

   

Since the modal matrices are diagonal the modal equation of motion (33) contains N uncoupled 

equations. Each equation corresponds to one mode which can be described by its modal mass and 

modal stiffness in the same manner as a one degree of freedom mass-spring system. 
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Let us now introduce the real physical force and displacement vector into the modal equation of 

motion with (29) and (30). Hence; 

 

                                 
                                                      (34)   

An implication of equation (34) is that the relationship between displacement and force of the 

mechanical system is fully determined by its mode parameters, i.e. the modal shape vectors, the 

modal mass matrix and the modal stiffness matrix. The displacement can be seen as the sum of the 

contributions from all modes. 

 Consequently if one is aware of all modes of a structure then one can exactly predict the motion of 

the structure when it is excited with a known force.  

2.1.3. Frequency response function of the dynamic flexibility 

A frequency response function, FRF, describes how the phase difference and the ratio of the 

amplitudes between two properties vary with frequency. The function is complex valued, its absolute 

value represents the ratio in magnitude between the two properties and the phase is equal to the 

difference in phase between the two properties. The frequency response function of the dynamic 

flexibility is defined as, ref. [5];  

                                                              

                                                                        
    

    
    (35) 

 

There ω is the angular frequency, x is displacement and F is force. Note that x and F are scalars and 

not vectors. 

 

2.1.4. The connection between the modes and the dynamic flexibility 

From equation (34) it is possible to derive expressions for the dynamic flexibility between all 

elements of the displacement vector and the force vector respectively, i.e. one can obtain a N×N  

H-matrix with dynamic flexibility functions as elements; 

 

       
   
 

   

   
       

   
       

  
   
 

   

                             (36) 

 

When one encounters a real life structure as e.g. the noise encapsulation of this study, it is often 

quite difficult to determine and construct the equation of motion of the system. On the other hand it 

is relatively easy to measure and excite the structure with a force at a position and direction 

corresponding to an element in the force vector. If one simultaneously also measure the 

displacement of a point of the structure corresponding to an element of the x-vector, then it is 

possible to determine one of the FRFs of the H-matrix. 
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The standard course of operation when one wants to determine the modes of a structure is in fact to 

measure FRFs between force and displacement so that at least one row or column of the H-matrix in 

(36) is determined. Normally one presumes that the motion of the structure is built up by a limited 

amount of modes with maximum amplitude at their center/mode frequency. The center frequencies 

of the modes are assumed to be identical in all measurement points while the amplitude of the mode 

varies between the points. 

Since each mode will work as a single degree of freedom system there will, provided that the modes 

are sufficiently separated in frequency, be both a peak in amplitude and a shift in sign of the phase at 

the center frequencies of the modes, (see bode diagram of 1-DOF systems in e.g.[1]). These 

properties can be used to identify the modes and their center frequencies from measured FRFs.       

 From the measured FRFs and the identified mode frequencies the matrixes of equation (34) can be 

estimated so that they fit the measured data as good as possible by some sort of mathematical 

optimizing process. The mathematical optimization should make the absolute value of the 

differences, D(ω), between the modal FRFs and the measured FRFs as small as possible. 

                                           (37) 

The mode parameters are then obtained directly from that process in the form of e.g. mode shape 

vectors, average damping of the modes, modal masses and stiffnesses etcetera. 

Notable is that when performing this mode extraction process we do not really get any new 

information of how the structure moves, since this is already given by the information of the FRFs. 

This information is however, now stated by the mode shape vectors, each only containing a complex 

number per measurement point, instead of the FRFs which often contains thousand of numbers. I.e. 

we now have a short and convenient way to describe the motion of our structure. Furthermore the 

mode shapes will improve our physical understanding of the structure, which often is desirable e.g. 

when the vibrations pattern of the structure causes a problem and needs to be altered.    

 

2.2. Limitations of the experimental modal analysis method  
 

There are several limitations embedded in the experimental modal analysis method. Due to these 

limitations there will always be a deviation between the modal FRFs and the measured FRFs. These 

limitations will normally overshadow other deficiencies such as e.g. measurement noise and a limited 

dynamic range etcetera. I.e. introducing an improved measurement system will not necessarily led to 

an improved modal model of the structure under investigation. In this section the main limitation are 

explained and discussed.  

2.2.1. The infinite number of modes 

A real physical structure will have an infinite number of modes located at different center 

frequencies, ref. [3]. One then often refers to the modal density of the structure defined as; 

                                                             

                                                                  
  

  
                      (38) 
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There Δf is a frequency interval and ΔN is the number of modes with center frequencies located 

inside this interval. Consequently one can excite an increasing number of modes by broadening the 

frequency spectra of an exciting force. Since each mode has a corresponding mode shape vector this 

means that the matrixes and vectors of equations (28)-(34) has to be infinitely large to fully describe 

the system. Applied to the method of estimating the modes from FRFs this means that one has to 

introduce an infinite number of measurement points to fully describe the system. 

In fact, considering the single degree of freedom characteristics of a mode it is clear that each mode 

will affect the motion of the structure at all frequencies but with a magnitude that will decline with 

the distance from the center frequency of the mode, see figure 2-1; 

 

 

Figure 2-1 shows the absolute value for the H(ω) of a single degree of freedom system with its 

center frequency situated at 1 kHz. 

The magnitude of the dynamic flexibility of a one degree of freedom system will go towards one over 

the spring constant of the system when frequency goes towards zero. When the center frequency of 

the systems only mode has been exceeded the absolute value of the dynamic flexibility will decline 

towards zero with increasing frequency. The quintessence however, is that the dynamic flexibility will 

at least theoretically have a nonzero value at all frequencies, which is why one has to determine all 

modes to exactly describe the system. Since a real structure has an infinite number of modes this is 

verily an inconceivable task to accomplish.  
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In fact it cannot be strictly proven that a real structure, not build up of rigid masses connected with 

springs, can be represented by an equation system as in formula (26). However, practical experience 

has shown that the modeling approach, stated in the previous sections, normally can yield a decent 

accordance between output data from the model and corresponding measurement data. If one then 

also can show a converging behavior between subsequent models generated from an increasing 

number of measurement points, then this could be seen as an indication for the validity of the 

method.  

2.2.2. Mode shape conjectures   

Normally when conducting an experimental modal analysis study one just assumes that the structure 

of interest can be described by an equation of motion matrix system as in equation (26). Each of the 

mode shape vector is then seen as an infinite number of points which together build up the 

deformation shape of the structure. If one conducts measurements on a limited number of these 

points it is possible to estimate the values of the mode shapes at these positions, i.e. one can extract 

fractions of the total mode shapes via a form of cluster sampling.      

Then each measurement will correspond to one element in the force vector and one element in the 

displacement vector in a new limited system corresponding to a small part of the total infinite 

equation of motion system.  

Note that there is still the exact same mode shapes that are treated it is just that we only know their 

values at our measurement points. 

 

From various structure dynamic studies of e.g. beams and plates it is known that that the 

deformation of an excited structure normally consists of one or several sorts of structural waves. A 

frequency at which the wavelength of one these wave types makes them interact with their own 

reflections at the boundaries of the structure, in a standing wave pattern, will normally correspond 

to the center frequency of a mode. One often refers to this phenomenon as a resonance of the 

structure. Obviously the engendered deformation to force ratio will be higher at a resonance 

frequency than at its surrounding frequencies, i.e. there will be a peak in the dynamic flexibility 

functions. Furthermore the mode shape is likely to have a curvaceous appearance since it is the 

product of interacting structural waves. 

 

Making use of knowledge and experience of how different structures deforms and vibrate one can 

make an educated guess of how the mode shape looks between the measurement points. 

 Figure 2-2 is given as an example of how such a guess can be made. In the figure there is nine 

measurements points evenly distributed on the x-axis, the measured amplitudes at some specific 

moment in time are marked in green and are linearly linked together in red. The blue curve 

represents an assumed mode shape which fits the measured values.      
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Figure 2-2 A blue sinus curve shifted in amplitude and phase to intersect some measured values in 

green. 

Considering the curve characteristics of most mode shapes it is clear that the distance between 

neighboring measurement points has to be shorter the higher the center frequency of the mode is. If 

there are not at least a couple of measurement points per wavelength any assumption of the 

deformation shape will be burden with a considerable amount of uncertainty. Consequently there 

will be an upper frequency limit for how many modes that can be estimated depending on how 

dense the grid of measurement points is chosen. 

2.2.3. The upper frequency limit  

There will also be deficiencies in the obtained results due to measurement noise and limitations of 

the employed mode extraction method. When we acquire the dynamic flexibility FRFs from the 

sampled force and a displacement signal there will be a certain frequency resolution, which depends 

on how large the time blocks of the measured signals that are being fourier transformed are chosen. 

If the distance in frequency between two neighboring resonances is less than the chosen frequency 

resolution then it is virtually impossible to distinguish between the two resonances during the 

following mode estimation. In practice there normally has to be a separation in frequency between 

two adjacent modes that is much larger than the frequency resolution to obtain fairly accurate 

results. Furthermore the results will generally be more reliable the smaller the overlaps between 

neighboring resonances are. 

The fact that it is difficult to process and extract modes that lie close in frequency will lead to a 

limitation of how many modes one is able to determine, in spite of how many measurement points 

that is used. This is because the modal density will grow with frequency whereupon the average 
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distance between the resonances will decline and the likelihood that their overlap exceeds the limits 

of the mode extraction method will increase. Equation (38) gives the approximate modal density for 

longitudinal waves in a volume that is much larger than the wave length. 

 

                 
   

           (39)    

 

Here ω is the angular frequency, V is the volume and c is the propagation speed of the waves. This 

formula is normally not applicable in the quite low frequencies where most modal analysis is 

performed, nevertheless it manifests the tendency of the modal density to increase with frequency. 

Consequently the resonances of an unknown structure will be distributed in an unpredictable 

random like fashion in the frequency plane, but with an occurrence that is increasing with frequency. 

This means that regardless of test object, measurement setup and mode estimation technique one 

will inevitably strike an upper frequency limit when it is no longer possible to differ between 

different modes and/or assess their authenticity.  

2.2.4. Operator dependence 

When one performs an experimental modal analysis there will always be inadequacies between the 

displacement to force ratio that has been measured and the one that is computed from the 

estimated modes. Therefore it is quite possible to erroneously implement non accurate modes 

during the mode extraction process. It is not unusual that such an implemented false mode will 

improve the conformity between the measured and mode-generated dynamic flexibility FRFs. This is 

simply because the false mode will function as an extra variable that can be altered, by the employed 

mode extraction software, in order to improve the accordance between the two FRFs.     

 

Therefore the person or persons that conduct the study must examine the extracted modes and 

reject the ones that seem to be bogus. This can e.g. be done by animating the motion of the mode 

and evaluating if it looks physically correct. Another possibility is to check the orthogonality of the 

mode shape matrix, if two mode shape vectors appear to be linear dependent it is an indication of 

error. If these methods fail a last resort could be to perform an ocular inspection of the measured 

FRFs versus the estimated ones.  

 

Overall these circumstances makes all experimental modal analysis methods quite operator 

demanding, i.e. it is necessary to possess good understanding and experience of how different types 

of structures tends to deform in order to assess the authenticity of the extracted modes. 

2.2.5. The necessity of pragmatism  

In practice the dynamic flexibility value at certain frequency will almost totally be made up by the 

resonances that lie closest to the frequency in question. For most applications the use of between 

five and ten resonances, depending on their distance to the frequency that is being evaluated, will 

give a sufficient accuracy. If one in advance knows which frequency intervals that are of interest 

during the utilization of the structure under investigation, then it is perhaps unnecessary to 

determine modes that reside far away from those intervals. In the same manner one may have a 
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limited interest of determine an entire mode shape, maybe a rough understanding of how the 

structure moves and/or a detailed characterization of a specific part of the structure is sufficient. At 

the same time there is virtually no limit of the amount of information that can be extracted from a 

structure during an investigation. Consequently the executer of the study must consider how much 

information that is necessary or even usable and decide a course of action accordingly.       

 

All experimental modal analysis should be performed on a need to know basis, this to avoid 

wasting a substantial amount of work and effort. 

 

This requires both a clear and well pronounced objective of the investigation.  It is also to advantage 

if one is able to attain some material parameters of the structure and thereby can do an assessment 

of the wavelength at the highest frequency of interest. Then a grid of measurement points can be 

constructed so that it is just dense enough to discern the highest mode of interest, i.e. one avoids 

introducing more measurements points than necessary. 
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2.3. Mobility FRF measurements of the noise encapsulation 
 

The measurements were made with a laser Doppler vibrometer and a piezoelectric force transducer. 

The laser equipment was used to measure the motion of the structure and could generate a signal 

corresponding to either the displacement or the velocity. It was however, recommended by the 

manufacturer to measure in the velocity mode if possible because then a higher grade of accuracy is 

obtained. 

Therefore the choice to measure the mobility instead of the dynamic flexibility was made. However, 

as long as the motion is harmonic, which is assumed, the two FRF types contain the same 

information, see definition below. The equipment is described in section; 2.3.3 Test setup.     

The mobility is a FRF that corresponds to velocity over force, see equation (40). When harmonic 

motion is assumed one can go from the mobility to the dynamic flexibility FRF just by dividing with 

the angular frequency times i, see equation (27). 

              
    

    
                                                       (40)    

 

2.3.1. Mounting of the test object 

The manner in which we mount a test object will affect the values of the FRFs that we measure from 

it. Therefore it is a general rule that one should mount a test object in a way as similar as possible to 

its true operational conditions in order to get as accurate results as possible.  

The noise encapsulation of this study is normally mounted directly to the chassis frame of the truck, 

see figure 2-3 and 2-4. In order to mimic this mounting condition a wooden frame with the exact 

same dimensions as the trucks chassis frame was constructed. The parts were then fastened on the 

wood frame at positions corresponding to where they are mounted on a real vehicle.  

During the measurements the frame was suspended in the ceiling via chains, this was done to further 

mimic the real operational conditions of the noise encapsulation, i.e. hanging below the truck only in 

contact with the frame. See figure 2-5. 

In this study the rigid body modes of the structure were of no interest. However, if these modes are 

situated close in frequency to other elastic modes they might degrade the accuracy of how those are 

estimated, see section 2.2. One way of dealing with this issue is to take some measure that shifts the 

center frequencies of the six rigid body motions away from the other resonances. In this case a 

rubber spring was introduced between each chain and the frame, thereby the rigid body mode 

frequencies will be shifted downwards and will then hopefully be residing below the other 

resonances. 
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Figure 2-3 The right hand view of the noise encapsulation mounted on the overlaying chassis 

frame. The encapsulation consists of three parts marked in different colors. The gearbox cover 

furthest to the rear of the vehicle is marked in black, the median cover is marked in yellow and the 

front cover is marked in green. 

       

 

Figure 2-4 The noise encapsulation from a bird’s eye view, i.e. looking down from where the engine 

and gearbox are situated.              
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Figure 2-5 The wooden frame hanging from the ceiling with the noise encapsulation mounted 

below it. One of the four black rubber springs is marked in red.  

2.3.2. Determination of measurement points 

The aim with this modal analysis study was to determine as many resonances as possible, i.e. to 

conduct the mode extraction process up to a frequency when it is no longer possible to make sense 

of or differentiate between different modes. One way to proceed is then to perform a couple of test 

measurements whereupon an estimation of the upper frequency limit can be done from the 

obtained FRFs. Then if the wave speed of the structure is known it is possible to calculate a suitable 

distance between the measurement points in order to yield a desired minimum number of points per 

wavelength. 

In this case however, it was both time consuming and quite difficult to mount and dismount the test 

object from the ceiling, which would have been necessary for performing test measurements. 

Furthermore there were no available material data for the noise encapsulation that could be used to 

approximate the wave speed of the different parts. 

Therefore another course of action was taken, whereupon the number of measurement points was 

chosen as large as the time dedicated to the study allowed. If a grid of measurement points with a 

distance between adjacent points of approximately ten centimeter was chosen then circa three 

hundred points would be necessary. This was considered to be a high but manageable number to 

treat. If the chosen grid density should be proven insufficient during the mode extraction it is of 

course possible to introduce additional points between the old ones and perform complementary 

measurements later on. 
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A Cartesian coordinate system with the x-axis along a symmetry line between the left and right lower 

edges of the frame was constituted. The origin was set at a point corresponding to where the cover 

closest to the front met its neighboring cover. 

 

The points were then measured out by hand and marked with reflective tape. The usage of reflective 

tape was necessary since the measurements were performed with a Laser Doppler. It is usually much 

easier to attune the reflection of the laser beam to strike the sensor of the lasers optical head if the 

reflection surface is flat. Therefore the measurement grid was sometimes altered in order to locate 

the points at flat parts of the covers, however, without changing the average distance between the 

points. 

 

It was assumed that the measurement points would be moving in the normal direction of the surface 

whereupon they are situated. This is normally a good approximation when the displacement is small, 

i.e. as long as the exciting force is relatively small. It was therefore also necessary to determine the 

normal direction of the points. This was done by measuring tape, spirit level and the use of some 

basic geometric relationships. 

 

A concern of the study was that the resonances of the wooden frame whereupon the covers are 

mounted could affect the results. Therefore twenty measuring points residing at the frame were 

introduced. One can then either extract the modes of the frame or just check at which frequencies 

the peaks of the FRFs lies. 

 

When the noise encapsulation is mounted on a running vehicle the forces originating from the frame 

will dominate the excitation. In order to resemble this condition it was decided to excite the covers 

of the noise encapsulation indirectly via a shaker fixed to the frame. Another advantage with this 

approach is that it is possible to excite all the covers simultaneously, i.e. one can measure all the 

points without relocating the shaker. 

 

Altogether there were two hundred and ninety-four measuring points. Figure 2-6 is a plot of the 

mesh made up by the measurement points on the covers, each point where the blue lines intersect 

corresponds to a measurement position. 

 

The coordinates and the normal directions of the measurement points are given in appendix A. 
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Figure 2-6 The mesh of measurements points. The frame is situated underneath the mesh in this 

view.          

             

2.2.3. Test setup 

The measurements were performed in a large hallway at the MWL (Marcus Wallenberg Laboratory 

for sound and vibration research). The ceiling of the hallway was equipped with several steel beams 

designed for suspending various test objects. The wooden frame was suspended from each of its four 

corners and hanging freely during all the measurements.   

The following instruments were used: 

 Personal computer with Spectral PLUS (FFT analysis software) 

 MWL-Uno UA-1G, unit 2, (external soundcard)  

 Polytec Laser Doppler Vibrometer controller type OFV-3001, serial nr: 9606016 

 Polytec Laser Doppler Vibrometer sensorhead type OFV-303, serial nr: 1 97 0441 

 LDS Shaker model V201, serial nr 469041 

 B&K Force Transducer type 8200, serial nr: 1895667 

 B&K Charge Amplifier type 2635, serial nr: 669742 

 Calibration mass 

The shaker was mounted on a wheeled table that could be shifted in height, this way it was possible 

to exactly adjust the direction and the position of the shaker to a requested place. The force 

transducer was mounted to the wooden frame via a small threaded metallic plate which was glued to 

the frame. Finally the shaker was connected to the force transducer via a weak rod, this was done in 

a fashion so that the force transducer and shaker were exactly aligned, see figure 2-7. This way the 
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test object will in principle only be exposed to a force in the direction of the rod, which corresponds 

to keeping all elements except one of the force vector in equation (36) equal to zero. Hence if we 

excite the structure in this fashion and simultaneously measure both the force and the displacements 

then we are virtually determining one of the columns of the systems dynamic flexibility matrix, (see 

section 2.1). 

The shaker was connected to the external soundcards power out channel and driven by white noise. 

The force transducer was connected to the first/left channel of external soundcard via the charge 

amplifier.  

While the shaker was exciting the structure the sensor head of the laser was directed to one 

measurement point at the time. The laser beam was adjusted and focused so that the reflection 

signal to noise ratio was as high as possible, this ratio is indicated via a staple of green LEDs on the 

laser sensor head, see figure 2-9.  The velocity output of the Laser Doppler Vibrometer system was 

connected to the second/right channel of the external soundcard. 

The soundcard was connected to a personal computer via a USB-cable. The computer was equipped 

with the Spectral Plus software which was used for the measurements. The program can compute 

complex FRFs directly by sampling two signals and contain a signal generator feature. 

The program was set to a sampling frequency of 4 kHz and a Fast Fourier Transform, FFT, block size 

of 16 384 samples which gives a frequency  resolution of 0.244 Hz and a sampling time of circa four 

seconds per block. The averaging of the program was set to infinite, which means that as long as the 

program is running it will sum up and average all FFTs that are computed. In addition a Hanning 

window was used in order to reduce leakage in the computed FFTs. 

When the program is running it displays the amplitude or phase of the averaged FRF, this will make 

the FRF vary a lot in the beginning of the measurement to then stabilize when it is made up from a 

large number of FFTs. 

A weakness of the Spectral PLUS software is that one is not able to have the signal generator running 

when starting a measurement, instead both the measurement and the signal generator starts 

simultaneously. To accurately use the Fourier Transform and computing FRFs steady state conditions 

should apply, i.e. the structure should have been excited for a sufficiently long time prior to the 

measurement initialization. To compensate for this weakness a quite long measurement time of at 

least a minute per measurement point was used. In this way the non steady state influence in the 

beginning of the measurement will, at least to some extent, be averaged away. 

The Spectral Plus software calculates the FRF as two vectors, one amplitude vector and one phase 

vector. The vectors represent the complex value of the FRF at different frequencies starting at twice 

the frequency resolution value and then increasing with the resolution value between each vector 

element. I.e. in this case with a frequency resolution of 0.244 Hz the first element will correspond to 

0.488 Hz, the second to 0.732 Hz and so on. The vectors reach to approximately half the sampling 

frequency, i.e. each FRF consists of two vectors with more than eight thousand elements. The yielded 

FRFs are in made in a format that enables them to be exported to Excel or Matlab directly via an 

ordinary copy and paste procedure 
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Figure 2-7                                                                                                 Figure 2-8                                                        

                     

Figure 2-9                                                              Figure 2-10  

 

Figure 2-11 
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The figures 2-7 to 2-11 shows the equipment used for the FRF measurements. 

The lines that run between the pictures symbolize the cables connecting the equipment together. 

Figure 2-7 The shaker connected to the force transducer and frame via a push rod. 

Figure 2-8 The charge amplifier adjusted according to the calibration chart of the force transducer. 

Figure 2-9 The laser sensor head during a measurement. Notice the red dot at the reflective tape 

there the beam strikes and the green led staple indicating the strength of the signal. 

Figure 2-10 The external soundcard which is both driving the shaker and receiving the force and 

velocity signals. 

Figure 2-11 The Laser Doppler Vibrometer control unit which translates the velocity values measured 

by the laser into voltage per meter per second signal that is fed to the external soundcard. 
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2.3.4. Calibration 

The measurement system was calibrated with the help of a calibration mass, in this case a metallic 

rod. The rod was suspended with strings and hanging freely. The force transducer was rigidly 

mounted to the mass by a threaded hole at the end of the rod. Then the shaker was connected to 

force transducer with the pushrod. This was done in a fashion so that both the shaker and pushrod 

were aligned to the symmetry line of the calibration mass. Finally a piece of reflective tape was 

fastened on the end of the rod opposite to the force transducer where after the laser head was 

aimed at it. Figure 2-12 shows the measurement set up during the calibration. 

 

Figure 2-12 shows the setup of calibration measurement. 

Due to the manner that the calibration mass and the shaker are mounted the rod will in principle act 

as a rigid mass only moving in one direction, at least as long as the displacement is small and the 

frequency is sufficiently far below the first elastic mode frequency of the rod.      

Hence when we excite the calibration mass we can assume that it reacts as a rigid body whereupon 

Newton´s second law holds; 

 

                             (41) 
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The basic idea of performing a calibration via a known mass is to use this relationship and calculate a 

calibration factor. When the acceleration values of the calibration measurement are multiplied with 

this factor they should comply with Newton’s second law, i.e. the true physical values. This 

calibration factor can then be used to calculate the correct physical values of the other 

measurements. 

In order to get as accurate results as possible the calibration measurement is performed with the 

exact same equipment and settings as used in the other measurements. This meant that the mobility 

of the calibration mass was measured. Since the motion is assumed harmonic the mobility function 

can be transformed into an accelerance function directly by multiplying its values with the angular 

frequency times i.   

Equation (42) is the definition of accelerance, with the right side derived by inserting equation (41).          

                                                              
               

        
   

 

    
                   (42) 

Hence the accelerance should be constant and independent of frequency when the distance up to 

the first elastic mode is sufficiently large. Figure 2-13 shows the measured accelerance function. 

 

 

Figure 2-13 Plot of the non calibrated accelerance function of the metallic rod which was used as a 

calibration mass. Note the first elastic resonance at 1.4 kHz. 
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From looking at figure 2-13 it is clear that the accelerance is not totally flat below the first elastic 

resonance. However, the accelerance is relatively constant and if we calculate its average from a 

large interval consisting of several hundred values then this average should be very accurate. 

The calibration mass weighed 2.425 kg and the force transducer 0.021 kg. The calibration factor was 

calculated to be 8.47 × 10-7. 

An alternative way of determining the calibration factor is to calculate it from the information of the 

calibration chart of the force transducer and the voltage/velocity-setting of the laser Doppler 

together with the channels’ amplification. But these parameters can change over time unlike the 

weight of the calibration mass.  

However, as an extra test the calibration factor was also calculated with this method and it then 

differed from the other value with a couple of percent. This difference was probably primarily due to 

quite old piezoelectric force transducer. Normally a piezoelectric element will become weaker with 

time and thereby giving a lower voltage/force output and the deviation between the calculated and 

the measured calibration factor was consistent with such an error. Nevertheless the fact that the two 

values after all were quite close to each other indicates that the assumption that the metallic rod 

acts like a rigid mass is correct. 

 

2.3.5. Measurements             

The actual measurements were performed by fixing the laser beam of the sensor head to one 

position at the time and running the Spectral PLUS program. This way a mobility frequency response 

function was computed and saved for each one of the measurement points. Note that the shaker and 

force transducer were fixed during the measurements, i.e. it was only the position of laser that was 

switched between subsequent measurements.   

It is assumed that the physical characteristics of the test object are constant and linear during the 

measurements and that reciprocity applies. This means that the same FRFs would have been 

calculated if all measurement points would have been measured simultaneously. Hence once the 

FRFs have been determined it is possible to predict the motion of the test object at all the points 

from a known exciting force acting at the same position and in the same direction as the shaker. 

N.B. that if we transform the mobility functions into dynamic flexibility functions, then we have 

obtained a column of the systems H-matrix, see equation (36). Hence we now have enough 

information to estimate the modes of the system. 
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Figure 2-14 shows the laser sensor head and the noise encapsulation during a measurement. 

 

2.4. Modal parameter extraction 
 

The modal parameter extraction was performed with the global complex exponential method in 

Matlab. The method is a technique to calculate the parameters of the modes so that they comply 

with the measurements as good as possible. 

As deduced in section (2.1) it is possible to calculate the dynamic flexibility functions from the modes 

of the system, i.e. a mode sum. The more accurate the modes are estimated the better will this 

mode sum resemble the measured FRFs. Or in other words, if we improve the accuracy of our modal 

model then it will describe the motion of the structure more correctly. In practice this means that we 

want to choose the modal parameters so that the modal FRF curves fits the measured FRF curves in 

an optimal fashion and thereby minimizing the model error. 

The details of how the global complex exponential method is mathematically executed are excluded 

here. One should however, bear in mind that it is primarily just a form of curve fitting that is 

performed. 

 

The Matlab functions and scripts that was used for the modal parameter extraction was provided by 

the MWL. The measured FRFs are imported to Matlab and saved as a large matrix in which each row 

corresponds to the values of one measured FRF.  
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The extraction process is then performed in two steps. First one has to choose the frequency interval 

where the extraction should be performed.(Often the extraction process will work more satisfactorily 

if one does not chose so large intervals at the time, i.e. better curve fitting characteristics is yielded).  

Then the program calculates and plots a mode identification function from the measured FRFs, this 

curve will have dips at the frequencies there the resonances of the system resides. 

Thereafter the program estimates a chosen number of possible pole locations for the system, these 

poles are then plotted overlying in the mode identification function. The stable poles are marked in 

green and the unstable in red, see figure 2-15. 

 

                
Figure 2-15 is a plot with the mode identification function in blue and with suggested poles in red 

and green. The frequency interval is 40-60 Hz.  

 

The person that is running the program should then select the stable green poles that he or she 

believes to be accurate, this is done directly with the Mouse cursor inside the plot. Each selection will 

give rise to an additional mode to be included in the following mode parameter estimation. 

 

Normally there is only one resonance at a certain frequency and then consequently only one pole 

should be chosen at that frequency. This means that when several green poles are vertically aligned 

then one should just pick one of them. 

 

After the poles have been selected the actual curve fitting process is initiated. This is done for one 

FRF at the time. The program then plots the resulting fitted curve against the measured one so that 

an ocular inspection of the compliance can be made, see figure 2-16. 
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Figure 2-16 shows an estimated modal-FRF in red and a measured FRF in black. 

 

 

After the program has processed all the measured FRFs the result is given as estimations of the 

following modal parameters; 

 

 Poles of the system; the position of the poles in the complex plane.  

 Mode frequencies [Hz]; the modal center frequencies. 

 Modal damping [%]; Damping value in percent of critical damping for each 

mode. 

 Mode shape vectors; vectors consisting of a complex number per 

measurement point corresponding to their relative phase and amplitude. 
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2.5. Animations of the modes 
 

The mode animations are an essential part the experimental modal analysis method because it is by 

looking at how the structure deforms the physical meaning of the mode can be perceived. It is also 

the simplest and most straight forward way to assess if an extracted mode is real or false. 

From the information in a mode shape vector it is possible to animate how the structure will be 

deformed during resonant vibrations by the mode. As stated in section (2.1) the complex numbers of 

the mode shape vector elements correspond to phases and amplitudes of the displacements at the 

measurement points. These amplitudes and phases are given relative the amplitude and phase of the 

force, but since the force is mutual for all measurement points this is the same thing as how the 

measurement points move relative each other. 

Since the motion is harmonic one can obtain the displacement values at the points during an 

oscillation cycle just by adding a phase shift,  , that varies between 0-2π. The actual amplitudes are 

then calculated as the real part of the complex valued amplitudes, see equation (43).    

 

                                                                                    (43) 

 
 

In equation (43) the notation Re means real part of the bracketed expression,    is the mode shape 
vector and   is the added phase shift. 
 
If one knows the coordinates of the measurement points and the direction of the displacements, 
then the corresponding coordinates of the deformed structure can be obtained directly by adding a 
vector with the length of the amplitude and in the displacement direction to the coordinates of the 
measurement points, see equation (44). 
 
 
                                                                                      (44) 

 
 
Here N is the number of measurement points,       is the coordinates of measurement point n, 
             is the displacement amplitude of measurement point n and              is a 
normalized vector in the displacement direction of measurement point n. 
 
Making use of the relationships of equation (43) and (44) it is possible to calculate and plot the modal 
deformation of a structure for different phase shifts. If one performs this calculation and plotting 
ongoing with a small phase shift increase between each execution an animation of the motion of the 
structure is obtained. 
 
Following the methodology above a program was written in matlab that made animations of how 
each mode deforms the noise encapsulation. In order for the eye perceive the deformations the 
displacement amplitudes had to be heavily enhanced, this was done by multiplying the amplitudes 
values with a constant. 
 
In the animations the undeformed encapsulation was also plotted as a reference and all points were 
connected via straight lines. In reality there will be some sort of wavy deformation pattern between 
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the points and not straight lines. However, this way of animating the modes worked reasonably well, 
i.e. one was able to interpret and understand the modes from the obtained animations. Figure 2-17 
shows a still from a mode animation. 
 
 
 

 
Figure 2-17 Still from a mode animation. The undeformed encapsulation marked in blue and the 
deformed encapsulation marked in red.          
 
All the mode animations were converted to and saved in the AVI file Format so that they can be 
reviewed. The employed matlab code is given in appendix B. 
 
      
 

2.6. Results 
 

Altogether around thirty different modes were found. Each mode originated from one specific part of 

the noise encapsulation. This part in its turn excited the other parts, i.e. although only one of the 

parts experiences a resonance at the mode frequency all parts will move more. 

The modes originated from four different parts of the encapsulation. The parts were the front cover, 

the median cover, gearbox cover and the hatch, see e.g. figure 2-4. In addition three modes 

originating from the frame were found, these modes are specific for the test setup and will not 

reoccur on the truck, however, they are included in the results as reference. 
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2.6.1. Notation and terminology 

In the descriptions of the mode shapes the positions and directions are made with reference to the 

geometry of the truck, i.e. the left side of the front cover is situated to the left side of the vehicle and 

on the cover furthest to the front of the truck and so on. 

In the employed coordinate system the direction towards the front of the truck corresponds to the 

positive direction of the x-axis, the direction towards the road surface corresponds to the positive 

y-axis and the positive z-axis intersects the left side of the truck. 

Most of the mode shapes had similarities to the flexural mode shapes of thin plates. It is then 

convenient to describe the modes with two integers corresponding to the number of amplitude 

peaks along the two axes of the plate, see figure 2-18. 

 

       

         z 
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- +

+ -

- +  

       

Figure 2-18 Example of a mode shape. The pluses and minuses correspond to motions in opposite 

directions. There are peaks in amplitude at the center of each of the eight subareas of the plate. 

When the mode shapes are described with the notation above one has to imagine how the covers 

would appear if they were flattened out to a plate extending between the each side of the frame. 

With the employed coordinate system this means that all the displacements takes place in the 

positive or negative direction of the y-axis. 

The employed mode notation is the same as in most literature, see e.g. [3], but here with the surface 

of the plate orientated along the z-axis instead of the y-axis. 

Some of the mode shapes had a motion pattern with beam characteristics, these modes will be 

describe with reference to the mode shapes of a finite beam, see e.g. [1] or [3]. 

In summary it is of course difficult to fully describe the mode shape of irregular objects as the covers 

of the noise encapsulation in words. The descriptions should therefore be viewed as a broad term 

characterization of the mode shape and not an exact depiction. It is the hope of this author that 

mode shape animations can be made available in connection with this report, because as the old 

locution says; a picture is worth a thousand words. 

x 

Mode (4,2) 

Plate 
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2.6.2. The modes of the front cover 

28 Hz In this mode shape the amplitude peaks are not centered at specific points, instead there are 

peaks along lines parallel with the x-axis. The appearance corresponds to the first bending shape of 

three beams orthogonally fixed together and with the two ends rigidly mounted, see figure 2-19. 

 

Figure 2-19 The beams are undeformed in black and deformed in red. 

The motion of the bottom and sides of the front cover each resembles the motion of one of the 

beams in figure 2-19. 

46 Hz This mode shape corresponds to the (2,1) mode shape of a thin plate. I.e. the front half and the 

back half moves in opposite directions. 

62 Hz Here there is just one amplitude peak which is situated at the centre of the bottom part of the 

cover corresponding to mode shape (1,1) of a thin plate. 

105 Hz At this frequency the almost all deformation occur along the x-axis. This mode shape has 

similarities with the (4,1) mode shape of a thin plate. 

123 Hz The mode shape corresponds to the (3,1) mode shape of a thin plate. 

145 Hz This mode shape resembles the (3,2) mode shape of a thin plate but with larger amplitudes at 

the two front corners. 

150 Hz At this frequency both the front cover and the hatch has a resonance. The hatch moves in the 

opposite direction of the front cover area that is in connection with it. The mode shape of the front 

cover seems to be (2,2) but with very low amplitude at the back right quarter area, see figure 2-20. 

     

  

   

  

Figure 2-20 Outline sketch of the 150 Hz mode shape. The counter motion of the hatch makes the 

amplitude in the lower corner next to it very low. 
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205 Hz This mode shape could be interpreted as the (3,3) mode shape of a thin plate. However, this 

mode shape does not have an obvious thin plate characteristic appearance.               

 

2.6.3. The modes of the hatch 

40 Hz The motion of this mode is concentrated to the right front corner of the hatch. A sector of the 

hatch corresponding to the area to the right of the screw fastening it to the front cover and the edge 

of the median cover whereupon it rests moves in a fashion similar to the first bending mode of a 

beam that is clamped at one end and free at the other end. I.e. the right front corner corresponds to 

the free end of the beam and the line between the screw and the right end of the median cover edge 

supporting the hatch corresponds to the clamped end of the beam.   

49 Hz This mode shape is a rigid body motion with the right and left sides of the hatch moving in 

opposite directions without any deformation of the hatch. 

66 Hz This mode shape is the same as the one at 40 Hz but mirrored, i.e. the motion is concentrated 

to the left front corner instead of the right front corner. 

129 Hz In this mode shape the left and right side of the hatch moves in the same direction, the 

motion is very small along the center x-axis of the hatch. The amplitudes increases with distance 

from the center x-axis and has its peak values at the left and right edges of the hatch. This 

corresponds to the first bending mode of a beam that is free in both ends. 

150 Hz At this frequency both the hatch and the front cover has resonances that are interacting with 

each other, see 2.6.2. The mode of the hatch is a rigid body motion primarily in the up and down 

direction but with an amplitude minimum at the screw fastening the hatch to the front cover. 

 

2.6.4. The modes of the median cover 

27 Hz This mode shape corresponds to the (1,2) bending mode of thin plate, i.e. the left and right 

sides of the median cover moves in opposite directions. 

82 Hz At this frequency the front of half of the cover moves in the opposite direction of the back half, 

i.e. a mode shape corresponding to the (2,1) bending mode of at thin plate. 

94 Hz This mode shapes looks like the (2,3) mode shape of a thin plate, but with higher amplitudes at 

the back third of the cover. 

159 Hz This mode shape correspond to the (2,2) bending mode of a thin plate. However, the 

amplitudes are significantly higher at front part of the median cover.  

175 Hz At this frequency the motion is centered to the two small semi attached parts at each side of 

the cover, see figure 2-21. 

224 Hz This mode shape has just one amplitude peak located to the position indicated by the green 

arrow in figure 2-21. The shape corresponds to the first bending mode (1,1) of a thin plate. 
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232 Hz The motion of this mode has similarities with the (1,3) mode shape of a thin plate. The 

amplitudes are smaller on the sides of the cover than on its bottom part. 

 

 

 

Figure 2-21 Close-up of the median cover. The two small semi attached parts which both have large 

amplitudes at 175 Hz are marked with red arrows. The green arrow indicates the position of the 

peak amplitude in the 224 Hz mode. Note that the median cover consists of two closely 

interconnected parts.      
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2.6.5. The modes of the gearbox cover 

14 Hz The motion of this mode corresponds to the (1,2) mode of a thin plate. There is also a form of 

accordion effect on the sides of the cover, this is most likely due to that the cover is reinforced by 

having evenly distributed thicker parts reaching from left to right. This means that the deformation 

along the x-axis primarily will take place at the weaker parts in between the reinforcements, which is 

why this form of deformation occurs. This accordion effect is recurring in all the modes of the 

gearbox cover and will therefore not be mentioned hereinafter. 

18 Hz This mode shape looks like the (1,3) mode of a thin plate. 

52 Hz At this frequency there is one amplitude peak at the center of the cover. This corresponds to 

the (1,1) mode of a thin plate. 

70 Hz This mode shape resemble the (2,1) bending mode of a thin plate. 

87 Hz The deformation at this frequency looks like the (2,3) mode shape of a thin plate. 

112 Hz This mode shape has similarities with the (3,3) mode shape of a thin plate. However, the 

deformation appearance of the gearbox cover generally becomes less and less similar to a plate with 

increasing frequency. 

169 Hz This mode shape resemble the (3,6) mod shape of a thin plate. There is six amplitude peaks at 

each side and on the bottom of the cover, i.e. there is totally eighteen amplitude peaks. 

195 Hz The deformation at this frequency has similarities with the (4,6) mode shape of a thin plate. 

There is eight amplitude peaks on each side and on the bottom of the cover, yielding a total of 

twenty-four amplitude peaks. 

238 Hz This mode shape is not particularly similar to any of the mode shapes of a thin plate. 

However, if one compare this mode to the previous there is now more bending along the x-axis 

which could imply some small correlation to the (5,6) mode of a thin plate.              

 

2.6.6. Additional modes 

In addition to the modes of the noise encapsulation, described above, three modes belonging to the 

frame were found. These modes were residing at 11 Hz, 22 Hz and 33 Hz. The mode shapes 

corresponds to a motion driven by one of the longest wooden beams of the frame deforming as a 

beam that is free in both ends. The 11 Hz mode shape then corresponds to the first bending mode of 

the wooden beam, the 22 Hz mode to the second bending mode and the 33 Hz mode to the third 

bending mode. It is probably the wooden beam where the shaker is attached that is the driving part 

of these three modes, since the shaker is the driving force behind all the motion of the test object. 

The extracted modes all reside at frequencies below 240 Hz, above that frequency the extracted 

mode shapes becomes non-interpretable. This is because the resonances then start to lie to close in 

frequency to each other to be properly extracted, see section 2.2. i.e. the listed modes are only the 

modes that has been extracted and considered to be correct. 
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2.6.7. Summary 

In total thirty-two modes were found. Most of the mode shapes had an appearance with similarities 

with the bending modes of a thin plate, i.e. a wavy deformation pattern. 

Each mode originated from one specific part of the noise encapsulation. This part in its turn excited 

the other parts, i.e. although only one of the parts experiences a resonance at the mode frequency 

all parts will move more. 

The hatch was the part of the noise encapsulation which reached the highest deformation 

amplitudes. This is because the hatch is only fastened with one screw, which enables it to move more 

freely than the other parts.  

Of the three covers the gearbox cover generally had higher amplitudes than the front and median 

cover. The extracted modes of the gearbox cover also reached a higher order compared to the other 

covers, the extracted front cover mode of highest order was (3,3) while the gearbox cover mode of 

highest order were (5,6). This implies that the gearbox cover is less stiff than the front and median 

covers. 

The results are given in frequency order in table 2.1 and divided after the parts where from the mode 

originates in table 2.2. Note that the results have been derived from all measurement points, hence 

the estimated damping in percent of critical damping values corresponds to the damping of the 

entire test structure. 
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PART Frequency [Hz] Damping [%] Poles

Frame 11 2,39 -1,694 + 70,914i

Gearbox cover 14 7,93 -7,017 + 88,207i

Gearbox cover 18 4,22 -4,794 + 113,534i

Frame 22 0,65 -0,8861 + 136,17i

Median cover 27 1,77 -3,046 + 172,2i

Front cover 28 1,8 -3,150 + 174,7i

Frame 33 1,06 -2,202 + 207,1i

Hatch 40 0,33 -0,8271 + 253,0i

Front cover 46 0,26 -0,7422 + 290,5i

Hatch 49 0,49 -1,500 + 306,1i

Gearbox cover 53 0,21 -0,6908 + 330,1i

Front cover 61 0,34 -1,326 + 385,9i

Hatch 66 0,41 -1,697 + 417,4i

Gearbox cover 70 0,43 -1,906 + 438,1i

Median cover 82 0,29 -1,489 + 515,3i

Gearbox cover 87 0,47 -2,546 + 544,3i

Median cover 94 1,31 -7,772 + 592,2i

Front cover 105 0,88 -5,850 + 662,7i

Gearbox cover 112 0,87 -6,088 + 703,6i

Front cover 123 1,07 -8,265 + 769,8i

Hatch 129 1,39 -11,29 + 809,7i

Front cover 134 1,12 -9,459 + 843,8i

Front cover 145 0,65 -5,957 + 910,3i

Front cover + Hatch 150 0,73 -6,897 + 941,9i

Median cover 159 0,91 -9,103 + 1001i

Gearbox cover 169 0,77 -8,163 + 1060i

Median cover 175 0,99 -10,90 + 1098i

Gearbox cover 195 0,84 -10,27 + 1223i

Front cover 205 0,8 -10,30 + 1289i

Median cover 224 1,03 -14,53 + 1406i

Median cover 232 1,26 -18,33 + 1457i

Gearbox cover 238 0,47 -7,003 + 1494i  

 

Table 2.1 Estimated modal parameters of the extracted modes in frequency order. The first column 

indicates which one of the parts that is experiencing a resonance at the given frequency. The 

damping value is given in percent of critical damping.  
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PART Frequency [Hz] Damping [%] Poles

Frame 11 2,39 -1,694 + 70,914i

22 0,65 -0,8861 + 136,17i

33 1,06 -2,202 + 207,1i

Gearbox cover 14 7,93 -7,017 + 88,207i

18 4,22 -4,794 + 113,534i

53 0,21 -0,6908 + 330,1i

70 0,43 -1,906 + 438,1i

87 0,47 -2,546 + 544,3i

112 0,87 -6,088 + 703,6i

169 0,77 -8,163 + 1060i

195 0,84 -10,27 + 1223i

238 0,47 -7,003 + 1494i

Median cover 27 1,77 -3,046 + 172,2i

82 0,29 -1,489 + 515,3i

94 1,31 -7,772 + 592,2i

159 0,91 -9,103 + 1001i

175 0,99 -10,90 + 1098i

224 1,03 -14,53 + 1406i

232 1,26 -18,33 + 1457i

Front cover 28 1,8 -3,150 + 174,7i

46 0,26 -0,7422 + 290,5i

61 0,34 -1,326 + 385,9i

105 0,88 -5,850 + 662,7i

123 1,07 -8,265 + 769,8i

134 1,12 -9,459 + 843,8i

145 0,65 -5,957 + 910,3i

205 0,8 -10,30 + 1289i

Hatch 40 0,33 -0,8271 + 253,0i

49 0,49 -1,500 + 306,1i

66 0,41 -1,697 + 417,4i

129 1,39 -11,29 + 809,7i

Front cover + Hatch 150 0,73 -6,897 + 941,9i  

   

Table 2.2 Estimated modal parameters of the extracted modes ordered after originating part of the 

modes. The damping values are given in percent of critical damping. 
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Appendix A 
Coordinates and normal directions of the measurement points.  

Point nr. X-coord. Y-coord. Z-coord. X-dir. Y-dir. Z-dir. 

        1 583 73 273 
 

12 1 4,8 

2 624 73 171 
 

12 1 4,8 

3 626 162 187 
 

12 1 4,8 

4 587 193 263 
 

12 1 4,8 

5 687 39 62 
 

100 0 1 

6 687 39 -62 
 

100 0 -1 

7 621 76 -175 
 

12 1 -4,8 

8 609 161 -185 
 

12 1 -4,8 

        9 467 64 406 
 

4 97 19 

10 500 83 309 
 

4 97 19 

11 500 120 284 
 

1 5 90 

12 500 210 289 
 

1 5 90 

13 475 261 249 
 

20 75 0 

14 475 283 179 
 

0 100 7 

15 500 280 79 
 

0 100 7 

16 475 283 -21 
 

0 100 7 

17 500 263 -124 
 

2 9 0 

18 500 260 -224 
 

2 9 0 

19 500 149 -292 
 

1 15 400 

20 500 83 -309 
 

10 97 -33 

21 467 64 -406 
 

10 97 -33 

        22 400 24 364 
 

-0,5 24,6 7,5 

23 400 105 292 
 

0,36 0,9 13,6 

24 400 175 288 
 

0,36 0,9 13,6 

25 400 236 283 
 

0,36 0,9 13,6 

26 400 281 224 
 

4,48 16,4 0 

27 400 287 139 
 

0 100 7 

28 400 287 39 
 

0 100 7 

29 400 287 -31 
 

0 100 7 

30 400 282 -141 
 

4,48 16,4 0 

31 400 282 -231 
 

4,48 16,4 0 

32 400 220 -274 
 

0 1 12 

33 400 100 -284 
 

0 1 12 

34 400 12 -386 
 

0 238 49 

        35 300 11 378 
 

0 135 -10 

36 300 115 293 
 

0 135 -10 

37 300 182 288 
 

0 135 -10 

38 300 250 283 
 

0 218 62 
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39 300 306 219 
 

4,48 16,4 0 

40 300 306 149 
 

4,48 16,4 0 

41 300 306 49 
 

4,48 16,4 0 

42 300 306 -51 
 

4,48 16,4 0 

43 300 306 -151 
 

4,48 16,4 0 

44 300 306 -221 
 

4,48 16,4 0 

45 300 250 -279 
 

0 150 -14 

46 300 100 -293 
 

0 150 -14 

47 300 14 -360 
 

0 23,3 -5,7 

        48 200 12 379 
 

4 12,8 0,3 

49 200 129 310 
 

13 149 0 

50 200 196 305 
 

13 149 0 

51 200 278 297 
 

13 149 0 

52 200 337 236 
 

29 118 4 

53 200 338 136 
 

29 118 4 

54 200 338 36 
 

29 118 4 

55 200 338 -64 
 

29 118 4 

56 200 338 -164 
 

29 118 4 

57 200 337 -254 
 

29 118 4 

58 200 273 -295 
 

11 12 -148 

59 200 125 -307 
 

11 12 -148 

60 200 12 -374 
 

-8 118 -39 

        61 100 338 232 
 

0 1 0 

62 100 350 186 
 

0 1 0 

63 100 349 86 
 

0 1 0 

64 100 349 -49 
 

0 1 0 

65 100 338 -119 
 

0 1 0 

66 100 338 -224 
 

0 1 0 

        67 10 13 378 
 

27 78 5 

68 10 93 294 
 

27 78 5 

69 10 197 288 
 

27 78 5 

70 10 285 283 
 

192 11 13 

71 10 336 235 
 

0 1 0 

72 35 345 160 
 

0 1 0 

73 10 345 75 
 

0 1 0 

74 25 345 -12 
 

0 1 0 

75 10 336 -70 
 

0 1 0 

76 10 336 -220 
 

0 1 0 

77 10 282 -279 
 

0 13 -171 

78 20 111 -292 
 

0 13 -171 

79 17 7 -375 
 

-5 90 -17 
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80 -13 15 378 
 

-5 90 -17 

81 -13 94 296 
 

1 2 20 

82 -20 197 289 
 

1 2 20 

83 -23 285 286 
 

1 2 20 

84 -20 234 235 
 

20 250 3 

85 -15 252 128 
 

0 240 6 

86 -15 252 20 
 

0 240 6 

87 -17 334 -65 
 

0 240 -44 

88 -15 335 -220 
 

0 240 -44 

89 -20 228 -277 
 

0 16 -117 

90 -15 111 -293 
 

0 16 -117 

91 -10 8 -375 
 

4 90 -17 

        92 -120 6 398 
 

8 156 54 

93 -105 69 298 
 

0 10 103 

94 -100 172 288 
 

0 10 103 

95 -160 211 217 
 

-70 225 -2 

96 -160 210 145 
 

-70 225 -2 

97 -160 210 50 
 

-70 225 -2 

98 -160 210 -55 
 

-70 225 -2 

99 -160 210 -155 
 

-70 225 -2 

100 -160 211 -222 
 

-70 225 -2 

101 -115 186 -282 
 

12 6 -121 

102 -115 59 -300 
 

41 2 -103 

103 -125 6 -398 
 

-2 129 -28 

        104 -262 3 366 
 

0 90 2 

105 -275 55 237 
 

0 8 55 

106 -275 110 229 
 

0 8 55 

107 -235 187 183 
 

-43 240 0 

108 -235 187 98 
 

-43 240 0 

109 -235 187 31 
 

-43 240 0 

110 -235 187 -47 
 

-43 240 0 

111 -235 187 -129 
 

-43 240 0 

112 -235 184 -214 
 

-43 240 0 

113 -275 127 -230 
 

0 11 -75 

114 -275 52 -241 
 

0 11 -75 

115 -265 -1 -363 
 

-3 130 3 

        116 -310 152 199 
 

-56 106 3 

117 -310 171 145 
 

0 205 44 

118 -310 176 71 
 

0 1 0 

119 -310 176 -59 
 

-7 240 -2 

120 -310 173 -130 
 

-1 244 -55 

121 -310 152 -186 
 

-80 150 -15 
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122 -340 3 356 
 

18 583 37 

123 -400 66 291 
 

170 39 142 

124 -400 132 212 
 

-11 289 -8 

125 -400 166 139 
 

-13 197 31 

126 -400 177 61 
 

0 1 0 

127 -400 177 -71 
 

0 1 0 

128 -400 166 -151 
 

-13 197 -31 

129 -400 135 -228 
 

-11 289 8 

130 -310 70 -274 
 

0 223 55 

131 -340 -1 -356 
 

133 22 -136 

        132 -385 6 372 
 

6 190 4 

133 -440 126 275 
 

12 190 53 

134 -445 163 142 
 

8 200 25 

135 -445 174 62 
 

-16 300 0 

136 -445 174 -71 
 

-16 300 0 

137 -440 163 -151 
 

7 218 -24 

138 -445 132 -262 
 

22 230 0 

139 -445 67 -338 
 

16 13 -210 

140 -385 4 -373 
 

-10 287 -41 

        141 -518 7 356 
 

-3 200 13 

142 -528 134 281 
 

0 200 69 

143 -541 182 149 
 

0 200 69 

144 -548 208 73 
 

0 200 30 

145 -546 201 -66 
 

0 200 -30 

146 -542 175 -157 
 

12 182 -70 

147 -535 133 -259 
 

12 182 -70 

148 -528 77 -309 
 

9 18 209 

149 -521 3 -351 
 

6 200 42 

        150 -548 4 358 
 

0 1 0 

151 -550 132 281 
 

-3 200 13 

152 -566 180 149 
 

0 200 69 

153 -570 205 75 
 

0 200 69 

154 -568 197 -64 
 

0 200 30 

155 -564 176 -158 
 

0 200 -30 

156 -565 134 -263 
 

12 182 -70 

157 -553 -4 -356 
 

0 1 0 

        158 -620 26 346 
 

139 28 158 

159 -620 136 322 
 

139 28 158 

160 -625 211 285 
 

139 28 158 

161 -624 249 274 
 

114 176 5 

162 -617 244 173 
 

114 176 5 

163 -613 237 87 
 

114 176 5 
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164 -609 235 -5 
 

114 176 0 

165 -611 237 -95 
 

114 176 -5 

166 -615 238 -195 
 

114 176 -5 

167 -618 241 -295 
 

114 176 -5 

168 -648 203 -324 
 

10 53 -205 

169 -648 138 -341 
 

10 53 -205 

170 -620 89 -337 
 

63 7 -71 

171 -620 17 -348 
 

63 7 -71 

        172 -689 23 368 
 

207 35 4 

173 -713 149 339 
 

0 28 208 

268 -711 206 327 
 

0 50 210 

174 -709 263 314 
 

0 50 210 

175 -693 300 278 
 

17 205 0 

176 -696 300 185 
 

17 205 0 

177 -695 300 95 
 

17 205 0 

178 -695 300 6 
 

17 205 0 

179 -695 300 -84 
 

17 205 0 

180 -693 300 -172 
 

17 205 0 

181 -695 300 -265 
 

17 205 0 

182 -701 272 -304 
 

0 55 -202 

183 -701 198 -323 
 

0 55 -202 

184 -707 96 -357 
 

0 35 -207 

185 -701 12 -370 
 

0 35 -207 

        186 -790 21 367 
 

-10 35 207 

187 -805 159 343 
 

-10 30 154 

269 -806 224 324 
 

-13 55 202 

188 -808 289 304 
 

-13 55 202 

189 -796 319 273 
 

14 185 0 

190 -796 319 178 
 

14 185 0 

191 -796 319 85 
 

14 185 0 

192 -796 319 -7 
 

14 185 0 

193 -796 319 -104 
 

14 185 0 

194 -796 319 -189 
 

14 185 0 

195 -796 308 -272 
 

9 87 0 

196 -810 228 -352 
 

20 25 -208 

197 -810 113 -363 
 

20 25 -208 

198 -810 15 -376 
 

20 25 -208 

        199 -890 23 367 
 

-10 30 154 

200 -890 177 337 
 

-10 30 154 

270 -895 235 318 
 

-13 55 202 

201 -895 292 299 
 

-13 55 202 

202 -889 317 256 
 

17 205 0 

203 -887 317 166 
 

17 205 0 
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204 -886 317 76 
 

17 205 0 

205 -887 317 -12 
 

17 205 0 

206 -887 317 -101 
 

17 205 0 

207 -883 317 -192 
 

17 205 0 

208 -884 317 -260 
 

17 205 0 

209 -887 233 -377 
 

20 50 -208 

210 -886 121 -364 
 

20 50 -208 

211 -907 18 -356 
 

0 38 -206 

        212 -983 21 360 
 

-10 30 154 

213 -973 161 329 
 

-10 30 154 

271 -978 232 310 
 

13 55 202 

214 -981 303 292 
 

-13 55 202 

215 -976 334 266 
 

14 185 0 

216 -976 333 182 
 

14 185 0 

217 -977 333 95 
 

14 185 0 

218 -975 332 11 
 

14 185 0 

219 -977 333 -76 
 

14 185 0 

220 -971 334 -159 
 

14 185 0 

221 -970 326 -246 
 

9 87 0 

222 -1008 278 -315 
 

-37 82 -193 

223 -1011 196 -329 
 

-11 19 103 

224 -1008 93 -348 
 

-11 19 103 

225 -1011 17 -362 
 

-10 79 -194 

        226 -1078 29 356 
 

-10 30 154 

227 -1078 171 325 
 

-10 30 154 

272 -1074 238 303 
 

10 30 154 

228 -1070 304 281 
 

-13 55 202 

229 -1071 331 252 
 

9 87 0 

230 -1069 330 169 
 

9 87 0 

231 -1068 322 82 
 

9 87 0 

232 -1071 322 2 
 

9 87 0 

233 -1066 331 -78 
 

9 87 0 

234 -1069 330 -161 
 

9 87 0 

235 -1066 331 -244 
 

9 87 0 

236 -1076 296 -302 
 

-37 82 -193 

237 -1078 211 -322 
 

-11 19 103 

238 -1091 109 -334 
 

-11 19 103 

239 -1106 17 -353 
 

-10 79 -194 

        240 -1163 25 345 
 

3 12 45 

241 -1158 236 317 
 

12 45 205 

273 -1162 282 297 
 

12 45 205 

242 -1166 328 277 
 

-16 55 202 

243 -1158 340 240 
 

9 87 0 
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244 -1155 339 158 
 

9 87 0 

245 -1156 339 79 
 

9 87 0 

246 -1156 339 3 
 

9 87 0 

247 -1156 339 -78 
 

9 87 0 

248 -1156 340 -158 
 

9 87 0 

249 -1153 341 -242 
 

9 87 0 

250 -1148 321 -277 
 

-32 112 -158 

251 -1145 220 -300 
 

0 18 -97 

252 -1154 123 -318 
 

0 18 -97 

253 -1160 16 -349 
 

-10 79 -194 

        254 -1255 32 352 
 

22 61 261 

255 -1255 153 322 
 

22 61 261 

274 -1250 220 307 
 

22 61 261 

256 -1250 286 291 
 

22 61 261 

257 -1249 314 257 
 

15 210 0 

258 -1253 327 179 
 

7 210 0 

259 -1255 326 102 
 

7 210 0 

260 -1254 326 28 
 

7 210 0 

261 -1256 326 -47 
 

7 210 0 

262 -1266 327 -121 
 

7 210 0 

263 -1255 327 -200 
 

7 210 0 

264 -1258 303 -256 
 

-32 112 -158 

265 -1258 210 -310 
 

0 35 207 

266 -1258 113 -338 
 

-1 16 96 

267 -1258 17 -354 
 

-1 16 96 
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Appendix B 
The Matlab-code. 

%Program som beräknar kalibrerings faktor från mätning på 
%kalibreringsmassa. 
%De uppmätta transferfunktionerna ska multipliceras med Calfactor för att 
%erhålla korrekta fysikaliska hastighet/kraft värdet (m/s/N). 

  
%Massan vägde 2.425 kg och kraftgivaren 0.021 kg.  

  
clc 
close all 

  
load kapcalibration  %matris från spectralPLUS där 1:a kolumnen är 

frekvensvärde. 2:a kolumnen är abs.värdet för hastighet/kraft  
                     %och 3:e kolumnen är fasvärdet för hastighet/kraft. 

  
mtotal=2.425+0.021; %Summan av kalibreringsmassan och forcetransducerns 

massor. 

                      
frekvensvektor=kapcalibration(:,1); 
relativegainmobility=kapcalibration(:,2); 

  
relativegainaccelerance=relativegainmobility.*frekvensvektor*2*pi;  

%multiplicerar med vinkelfrekvensen för att gå från mobilitet till 

accelerans 

  
figure() 
plot(frekvensvektor,relativegainmobility) 

  
figure() 
plot(frekvensvektor,relativegainaccelerance) 
title('Calibration measurement')             
xlabel('frequency [Hz]') 
ylabel('Accelerance [m/Ns^2]') 

           

  
acceleranceforcalibration=relativegainaccelerance(3276:4914); %skapar 

vektor av konstanta, horisontella delen av acceleransen (ca 800-1200 Hz)  

  
acceleranceaverage=sum(acceleranceforcalibration)/length(acceleranceforcali

bration);%beräknar medelvärdet för den valda konstanta delen. 

  
Calfactor=1/mtotal/acceleranceaverage;  %beräknar kalibreiringsfaktor 

enl:acceleration/kraft=1/m=acceleranceaverage*Calfactor. 

 

 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%% 
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clc 
close all 

  
%load newordercoordinates   %Matrix list with the measurepoints and 

corresponding animationpoints. 
load moder12                 %Eigenmodes matrix from complest_new program   
load xcoord                %mätpunkternas koordinater 
load ycoord 
load zcoord 
load Xdirection            %mätpunkternas normaliserade rörelseriktningar    
load Ydirection            
load Zdirection 
load Punktordning           %matris med samma mått som koordinat och 

riktnings matriserna ovan, 
                            %värderna motsvarar punkternas FRF-nummer,dvs 
                            %vilket eigenmode värde som hör till resp. 
                            %punkt. 
load freq12 

  
%% 
moderrow=3;   %välj vilken eigenmode som ska plotas. 
modefrequency=freq(moderrow);   %eigenmodens frekvens. 
modefrequency=round(modefrequency)  %skriver ut eigenmodens frekvens. 

  

  

  
%Multiplicerar mätpunkternas eigenmodes-värden med deras normaliserade  
%riktningar i x-,y- och z-led.  

  
ForskjutningX=zeros(17,23); 
ForskjutningY=zeros(17,23); 
ForskjutningZ=zeros(17,23); 
Faser=zeros(17,23); 

  
for r=1:17 
    for k=1:23 
        punktnummer=Punktordning(r,k); 
        

ForskjutningX(r,k)=Xdirection(r,k)*abs(moder(moderrow,punktnummer)); %Ger 

förskutningens magnitud i x-led för punkterna.           
        

ForskjutningY(r,k)=Ydirection(r,k)*abs(moder(moderrow,punktnummer)); % i y-

led 
        

ForskjutningZ(r,k)=Zdirection(r,k)*abs(moder(moderrow,punktnummer)); % i z-

led 

         
        Faser(r,k)=phase(moder(moderrow,punktnummer));    %Ger 

förskjutningarnas faser i radianer för punkterna. 
    end 
end 

  

  
highestamplitude=max(abs(moder(moderrow,:)));   %Tar fram punktvärdet med 

högsta förskjutningen, för plot skalning. 
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amplitudeconstant=250/highestamplitude; 
ForskjutningX=amplitudeconstant*ForskjutningX;  %Ökar förskjutningarna för 

tydligare plottar. 
ForskjutningY=amplitudeconstant*ForskjutningY; 
ForskjutningZ=amplitudeconstant*ForskjutningZ; 

  
% Initialize a periodic time vector for animation. 200 pictures per period, 
% four periods.  
animPhase = [0:799]*2*pi/200; 

  

  
%figure() 
%plot3(xcoord,ycoord,zcoord,'b',xcoord',ycoord',zcoord','b') 

  
    %axis equal 
    %title('modefrequency') 

      
%figure()     
%plot3(ycoord,zcoord,xcoord,'b',ycoord',zcoord',xcoord','b') 

  
 %   axis equal 
  %  title('modefrequency') 

     
%figure()     
%plot3(zcoord,xcoord,ycoord,'b',zcoord',xcoord',ycoord','b') 

  
 %   axis equal 
  %  title('modefrequency') 

  

  

  

  
% for n=1:length(animPhase) 
%     modephase3=Faser+animPhase(n);     %Varying the phase 0-2pi for the 

animation. 
% plot3(xcoord,ycoord,zcoord,'b',xcoord',ycoord',zcoord','b',... 
%     

plot3(xcoord+ForskjutningX.*cos(modephase3),ycoord+ForskjutningY.*cos(modep

hase3),zcoord+ForskjutningZ.*cos(modephase3),'r',... 
%     

(xcoord+ForskjutningX.*cos(modephase3))',(ycoord+ForskjutningY.*cos(modepha

se3))',(zcoord+ForskjutningZ.*cos(modephase3))','r')% 
%  
%     axis equal 
%     axis([-1350 750 -10 550 -460 460]) 
%     title('modefrequency') 
%     drawnow; 

  
% F(n)=getframe; 
% end 

     

     
 for n=1:length(animPhase) 
     modephase3=Faser+animPhase(n);     %Varying the phase 0-2pi for the 

animation. 
     plot3(zcoord,xcoord,ycoord,'b',zcoord',xcoord',ycoord','b',... 
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zcoord+ForskjutningZ.*cos(modephase3),xcoord+ForskjutningX.*cos(modephase3)

,ycoord+ForskjutningY.*cos(modephase3),'r',... 
     

(zcoord+ForskjutningZ.*cos(modephase3))',(xcoord+ForskjutningX.*cos(modepha

se3))',(ycoord+ForskjutningY.*cos(modephase3))','r') 

  
     axis equal 
     axis([-460 460 -1350 750 -10 550]) 
     title(['modefrequency ',num2str(modefrequency),' Hz']) 
     drawnow; 

  
 F(n)=getframe; 

  
 end 

         
%  for n=1:length(animPhase) 
%     modephase3=Faser+animPhase(n);     %Varying the phase 0-2pi for the 

animation. 
%     plot3(ycoord,zcoord,xcoord,'b',ycoord',zcoord',xcoord','b',... 
%     

ycoord+ForskjutningY.*cos(modephase3),zcoord+ForskjutningZ.*cos(modephase3)

,xcoord+ForskjutningX.*cos(modephase3),'r',... 
%     

(ycoord+ForskjutningY.*cos(modephase3))',(zcoord+ForskjutningZ.*cos(modepha

se3))',(xcoord+ForskjutningX.*cos(modephase3))','r')% 
%  
%     axis equal 
%     axis([-10 550 -460 460 -1350 750]) 
%     title('modefrequency') 
%     drawnow; 
%  
% F(n)=getframe; 
% end   

 

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%  

     

     

     

     

     

     
 

 

%Beräknar reduktionstal från två mätningar med olika högtalar positioner. 
clc 
close all 

  
load LdK7.mat 
load Mat2.mat 
load Mat4.mat 
load Mat5.mat 
load Mat242.mat 
load Mat24.mat 
load Mat23.mat 
load Mat21.mat 
load Mat7.mat 
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load Mat13.mat          %Matris, 1:a kolumnen är intensiteten för A1, 2:a 

kolumnen är riktningens tecken för A1, 3:e är ljudtrycksnivån för A1, sedan 

för A2 osv. 
load Mat14.mat       
load Areor1.mat         %Vektor med mätytornas areor, de med negativ 

mätriktning har negativ area. 
load Infallsarea.mat    %Öppningsarean för ljudinfall från 

efterklangsrummet 
load Lp24.mat 
load Lp23.mat 
load Lp21.mat 
load Lp2.mat 
load Lp4.mat 
load Lp5.mat 
load Lp7.mat 
load Lp13.mat           %Matris med tersbandsfrekvenser och motsvarande 

ljudtrycksnivåer i efterklangsrummet 
load Lp14.mat           %OBS ljudtrycksnivåerna är från 20Hz tersbandet 

till 10 kHz medan intensiteten är från 25Hz och upp till 10 kHz!!! 

  
%% 
%ljudreduktionen beräknas per tersband enligt: R=Lp-Lin-6-

10log(Areor1tot/Infallsarea) 

  
Matett=Mat5; 
Mattva=Mat14; 
Lpett=Lp5; 
Lptva=Lp14; 

  
Areor1tot= sum(abs(Areor1)); 
Areacorrection=log10(Areor1tot/Infallsarea); 
Inthelp=zeros(27,1);  %hjälpvariabel för summering av normala intensiteten. 
Lpint1=zeros(27,1);   %tids och rymd medel värdet för ljudtrycket vid 

proben. 
Lpint1help=zeros(27,1); 
Lpint2=zeros(27,1); 

  
for k=1:10 
Itemp=Matett(:,3*k-2).*Matett(:,3*k-1);      
for i=1:27 
    IettperA(i,k)=Itemp(i);   %IettperA matris med intensiteten per 

tersband med "mättecken" för de 10 delareorna (27,10) 
end;          
end 

  
for i=1:27 
for l=1:10 
   

Inthelp(i,1)=Inthelp(i,1)+Areor1(l)*sign(IettperA(i,l))*10^(0.1*abs(Iettper

A(i,l)));    %summerar intensiteten från de olika delytorna per ters band 

använd sedan till normalint nivån.  
                                                                                         

%sign tillsammans med areornastecken ger rätt tecken vid summering typ. 
end 
end 

  
tecken1=sign(Inthelp); 
Lin1=tecken1.*(10*log10(abs(Inthelp/Areor1tot)));          

%Intensitetsnivåerna per tersband mätning 1. 
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                                                            %Stämmer 

medexcelterst men kolla korrekt division med totalarean.                                                              
for i=1:27 
for l=1:10 
        

Lpint1(i)=Lpint1(i)+(abs(Areor1(l)/Areor1tot)*10^(0.1*Matett(i,3*l)));     

%beräknat tids o rymd medelvärdet för ljudtrycket vid proben. 
                                                                                                    

%ett värde per tersband,viktar med areornasstorlek. 
end 
    Lpint1(i,1)=10*log10(Lpint1(i,1)); 
end 

                                                                                

    

  
for i=1:27 
    R(i)=Lpett(i+1,2)-Lin1(i)-6-10*log10(Areor1tot/Infallsarea); 
end 

  

                                                             
 R1=R; 

  
 Lk1=Lpint1-abs(Lin1);      %Skillnaden mellan ljudtrycket och intensiteten 

utan riktning, skall vara mindre än Ld för ok noggranhet typ. 
                            %Dvs intensiteten skall inte vara för liten i 
                            %förhållande till ljudtrycksnivån motsvarande 
                            %bruset i systemet. 

                             

  
LdminusLk1=LdK7-Lk1;          %Skall vara positiv för ok värde.  

  

  

  

  

  
 Inthelp=zeros(27,1);  %hjälpvariabel för summering av normala 

intensiteten. 
%Inthelp=0; 

  
for k=1:10 
Itemp=Mattva(:,3*k-2).*Mattva(:,3*k-1);      
for i=1:27 
    ItvaperA(i,k)=Itemp(i);   %ItvaperA matris med intensiteten per 

tersband med "mättecken" för de 10 delareorna (27,10) 
end;          
end 

  
for i=1:27 
for l=1:10 
   

Inthelp(i,1)=Inthelp(i,1)+Areor1(l)*sign(ItvaperA(i,l))*10^(0.1*abs(Itvaper

A(i,l)));    %summerar intensiteten från de olika delytorna per ters band 

använd sedan till normalint nivån.  
                                                                                         

%sign tillsammans med areornastecken ger rätt tecken vid summering typ. 
end 
end 
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tecken1=sign(Inthelp); 
Lin2=tecken1.*(10*log10(abs(Inthelp/Areor1tot)));          

%Intensitetsnivåerna per tersband mätning 1. 
                                                           %Stämmer 

medexcelterst men kolla korrekt division med totalarean. 

                                                            
for i=1:27 
    for l=1:10 
        

Lpint2(i)=Lpint2(i)+(abs(Areor1(l)/Areor1tot)*10^(0.1*Mattva(i,3*l)));     

%beräknat tids o rymd medelvärdet för ljudtrycket vid proben. 
                                                                                                    

%ett värde per tersband,viktar med areornasstorlek. 
    end 
    Lpint2(i,1)=10*log10(Lpint2(i,1)); 
    end                                                            

  
for i=1:27 
    R(i)=Lptva(i+1,2)-Lin2(i)-6-10*log10(Areor1tot/Infallsarea); 
end 

  
R2=R; 

  
Lk2=Lpint2-abs(Lin2);      %Skillnaden mellan ljudtrycket och intensiteten 

utan riktning, skall vara mindre än Ld för ok noggranhet typ. 
                            %Dvs intensiteten skall inte vara för liten i 
                            %förhållande till ljudtrycksnivån motsvarande 
                            %bruset i systemet. 

                             

  
LdminusLk2=LdK7-Lk2;          %Skall vara positiv för ok värde.  

  

  
Lpmean=(Lpett+Lptva)/2; 

  
Linmean=(Lin1+Lin2)/2; 

  
Reduktionstal=(R1+R2)/2;    %beräknar medelvärdet från de två mätningarna. 
Reduktionstal=Reduktionstal'; 

  
R1=R1'; 
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