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Abstract

The currently low requirements on sound emissions for industrial trucks are expected to

be raised in the near future. The company Kalmar Industries AB, which develop, produce

and market industrial trucks, want to improve their truck silencers as a precaution to the

future harder restrictions and also to improve their competitiveness. The sound emission

produced by a vehicle depends on type and range of application it is designed for but the

dominant part of the sound is usually produced by the engine and silencer.

A new measuring method is developed for studying sound emanating through the si-

lencer system. The analysis of the measurement data establishes that the silencers are not

working well. The simulations made with SIDLAB, which is a computer programme for

calculating the propagation of sound in ducts, confirms that the silencers are inefficient

and that they are simply too small.

A simulation which implements a parallel resonator in the main silencer shows that it

is possible to make great improvements in reducing the noise from the truck as well as

meeting requirements on space.

Mathematical modelling based on linearity and one-dimensional interaction between

the silencer elementsis advantageous and gives very good results when understanding,

analysing and simulating the silencer. The simulation tool SIDLAB works well and saves

a lot of time by its fast modelling and easy interface.

Key-words: Kalmar Industries, muffler, SIDLAB, forklift, industrial truck, silencer,

sound analysis, modelling of sound in ducts.
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1 Introduction
Reducing sound emission is of interest for many companies since disturbing noise has

negative influence on the work environment. For many vehicles an internal combustion

engine is usually the main source of noise, which is also the case for industrial trucks. The

greatest part of this noise is led through some sort of silencer. The currently low sound

restrictions on these trucks are expected to be raised in the near future, thus making the

silencers interesting objects to study.

To this day, many companies in the silencer business still uses trial and error method

when developing new silencers. This method, being slow and inaccurate, is quite expen-

sive. The modern approach is to use calculations to create a model before testing and, in

contrast, is fast, accurate and eliminates faulty models.

The purpose of this thesis is to examine the silencers efficiency and to give examples of

how to improve them. To reach these goals the simulation tool SIDLAB is used to provide

computer models of the silencers and compare the results to the measured data. Kalmar

Industries provided the task of improving their truck silencer and the Marcus Wallenberg

Laboratory at Kungliga Tekniska Högskolan provided the simulation tool SIDLAB. These

tasks put together will show that SIDLAB is very useful for understanding and improving

silencers.

Chapter two explains the measurement setup and an discusses the various microphone

positions.

The third chapter features an extensive analysis of the recorded sound from the dif-

ferent configurations. Internal and external sound sources are identified and the silencers

efficiency is determined.

Chapter four provides some of the theory behind the simulation tool SIDLAB and starts

with describing the wave equation in one dimension and is followed by how SIDLAB

elements are theoretically connected.

In chapter five SIDLAB simulations are compared with the measured results from the

third chapter. Also, different ideas of improving the silencers are presented.

The chapter six is a summary of achieved results.
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2 Measurements of silencers

This chapter is comprised of a short description of the truck and how the actual testing

was made. After that a description of the different microphone positions is conducted,

considering both distance and angle in measurement.

2.1 Specifications

2.1.1 Measurements introduction

A six liter, six cylinder Volvo Penta engine (TAD 750 VE) with its two Dinex mufflers

were the objects to be put under scrutiny. The measurements were performed partly to

determine how the existing measurement procedure works and evaluate new improved

microphone positions, and partly to get adequate data in order to perform the analysis of

the two silencers.

2.1.2 Environment and limitations

The measurements were performed at Kalmar Industries own test area on which the truck

was placed on even asphalt in an effort to avoid sources of disturbance, i.e., echoes and

other trucks being tested simultaneously. Weather conditions were good with calm winds,

sunny skies and a temperature of approximately -5 ◦C. Possible sources of reflection be-

side the ground were trees at a distance of 20 m from the truck. Subsequently no consid-

eration was made concerning echoes or other disturbance besides the truck itself.

Figure 2.1: The Kalmar DCE 160-12, diesel.

A motor vehicle most often has several different sound sources (parts where sound

is produced). Further, the truck on which measurements were made had hydraulics that

made quite some noise that will be a small point of interest further on in the thesis. Also

there exist air conditioning, tire noise and drivetrain as sources of sound on this truck.

The drivetrain is assumed to produce most sound because the operating speed is too low
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for the tires to produce any significant noise. The drivetrain can be divided into parts that

can be viewed as separate sound sources as follows:

• oil pump

• valves

• engine fan

• turbo with intercooler and waste gate

• gearbox

• vibrations in the chassie and the cabin (amplification from the drivetrain vibrations)

• air intake sound

• acoustic leakage from mufflers and exhaust system

• exhaust.

All these sources contribute to the total sound emitted by the drivetrain and should be

taken into consideration when reducing the sound that the truck makes. However, the

focal point has been put on the sound made by the engine and led through the exhaust

system since this is the most important thing when constructing an exhaust system. The

problem with choice of materials and thickness has not been addressed.
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Figure 2.2: Left: Silencer system and engine. Top: Silencer 2. Right: Silencer 1.

2.1.3 The silencers

There are two mufflers available in the existing exhaust system. For further reference

they have been given the names Sil1 and Sil2 and could be seen in figure 2.2. Sil1 is the

main silencer and consists mainly of a pair of volume resonators, perforations and mineral

wool. Sil2 is a complementary silencer that can be chosen by a customer requiring extra

low sound emission. The Sil2 design is intended for attenuating higher frequencies and is

essentially just a lined duct, i.e., a perforated pipe inside another larger pipe with mineral

wool between the two. When measuring without these mufflers, replacing Sil1 with a

short piece of bent pipe and Sil2 with a straight pipe, the system is referenced to as Sil0.

The bent pipe is seen in figure 2.3. The length of the bent pipe is 0,25 m and length of

the straight pipe is the same as silencer 2. The system containing both Sil1 and Sil2 is

referenced as Sil1+2.

Figure 2.3: The pipe replacing the main silencer, Sil1.

2.1.4 Measurement equipment

The measuring equipment used was a Brüel & Kjær 3560 C with the software Pulse
v.10.1. In this mode it is possible to measure six channels of sound and/or vibration and

one optional channel for the rotational speed of the engine. The microphones were of

make Brüel &Kær 4181 and the acoustic reference Brüel &Kær 4231. The measure range

was 0-6400 Hz.

2.1.5 Arrangement

Based on the existing measurement position used by Kalmar Industries in prior measure-

ment, 0.5 m from orifice and 45◦ angle in the horizontal plane, new microphone positions
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were chosen. The new positions contains this point and in addition two new positions at

0.5 m and 45◦ angle in the horizontal plane but with vertical angles ±45◦ respectively.

Three new points at the same angles but 1.5 m distance from the orifice were also used.

This is explained further in chapter 2.2.4.

Figure 2.4: An illustration of the six positions.

The photograph in figure 2.4 is from the actual measurement and shows the micro-

phones in the stand Kalmar Industries made for the occasion. Three microphones were

used on every individual measurement. During each measurement the microphones were

at the same radius and then moved on the stand to obtain a different distance. The micro-

phone placements, top to bottom, are denoted mic1, mic2 and mic3.

2.1.6 Execution

In order to get complete and credible data, measurements were made on all possible con-

figurations. This means the three different rotational speeds of the engine, two micro-

phone distances and three exhaust systems. This means 3×2×3 = 18 configurations to

be tested. Each measurement was carried out by using three microphones, i.e., the sound

pressure level was recorded from three positions with the same radius at the same time.

(chapter 2.2.3, 2.2.4)

The choice of different rotational speeds of the engine was made to establish which

mode was worth analysing. The three modes tested were low idle, high idle and lift. Low

idle means that the engine was at idle; no revving. High idle means that the engine was

revved up to about 2000 rpm without any load applied. Lift means that the engine was

revved to its maximum working speed, slightly below high idle, 1980 rpm, and then a full

working load of 12 tonnes was lifted by the forks to its maximum height. In advance the

hypothesis was that the choice would fall upon lift and due to that lift has far superior

sound levels, this mode is used throughout the rest of the thesis. The reasons for choosing

lift are explained in chapter 3.1.
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2.2 Analysis

This chapter contains analysis of the different microphone positions and if the micro-

phones recording different sound pressure levels. The premier task is to investigate the

three microphones at 1.5 m and how they differ in sound pressure level in any way. Sec-

ondly the effects of distance were looked upon all three microphones.

2.2.1 Sound power level and sound pressure level

Because the measurement was made in only three points at equal distance from the source

(the exhaust orifice), there is no way of telling the exact sound power level. What can be

done, however, is to measure sound pressure level from different muffler configurations in

three points and calculate the difference. Coincidentally the difference in sound pressure

level Lp is equal to the difference in sound power level Lw, both differences expressing

the decrease in sound power level for sound parsing the silencer. The reason for the two

levels being equivalent in such a fashion derives from the fact that the directivity by the

orifice for the three systems are equivalent, i.e., if the microphones are in the same points

the sound will spread in the same fashion in any muffler configuration. Example: Muffler

a produces Lpa = 20log( p
p0

) with p0 = 2 ·10−5 Pa [2], and is compared to a muffler b in

the same system which gives Lpb. This gives Lpb−Lpa = Lwb−Lwa regardless of Lwa and

Lwb being known or not.

2.2.2 Insertion loss

There are two different ways to determine the efficiency of a muffler. They are transmis-

sion loss, DT L and insertion loss, DIL. DT L is quite complicated, it involves measuring the

sound power before and after a muffler/exhaust system. DIL on the other hand compares

two different systems a and b at an arbitrary point, suitably at a safe distance from gas

flow and sources of disturbance. Hence it becomes very practical as limitations of choice

are small. Thus, the insertion loss is a measurement of reduced or gained sound pressure

level after changing the exhaust system and can be expressed as DIL = Lpb−Lpa which

may be written as;

DIL = 10log

(
p2

b

p2
re f

)
−10log

(
p2

a

p2
re f

)
= 10log

(
p2

b/p2
re f

p2
a/p2

re f

)
= 20log

(
pb

pa

)
. (2.1)

Here, DIL = 20log(pb/pa) is the commonly accepted expression. Furthermore, the in-

sertion loss DIL is a practical measure for expressing the decrease in sound pressure level

when installing the silencer and DIL is because of that used in this thesis.
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2.2.3 The difference between mic1, mic2 and mic3
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Figure 2.5: Measured sound pressure level with all three microphones at a distance of

1.5 m from the orifice. The engine is in lifting mode and Sil0 is used. The frequency

interval is 0-500 Hz.
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Figure 2.6: All three microphones at a distance of 1.5 m from the orifice. The engine is

in lifting mode and Sil0 is used. The frequency interval is 500-6000 Hz.

The graph in figure 2.5 shows the sound pressure level in the frequency interval 0-

500 Hz at a distance of 1.5 m. In this graph no clear difference in level between the
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microphones can be seen. It can be established that for low frequency sound all three mi-

crophones registers approximately the same sound pressure level. When the wave length

is large compared to the pipe opening diameter the sound waves disperse spherically. In

the graph in figure 2.5 the wave length is long and leads to a conformal spread in all direc-

tions for these frequencies. For the remaining interval, 500 Hz and up, graph 2.6 shows

that mic2 has the highest sound pressure level, followed by mic3 and mic1 in falling or-

der, where mic1 has the lowest sound pressure level. This is assumed to be related to the

angle of the microphones to the exhaust flow direction. "If the frequency is high, thus

making the wave length small compared to the opening, the sound wave will spread in

a straight direction with shadows to the sides" [2]. In other words, the higher frequency

a source emits the more directional the pattern will be. This means that for higher fre-

quencies, i.e., f � 4000 Hz the microphone closest to the gas flow or acoustic flow will

register higher pressure levels than the rest of the microphones for the high frequency

sounds. Mic2 is therefore assumed to be closest to the directed high frequency noise than

the other two microphones. However the differences are small and the assumption that

all three microphones give equally important values and that it gives more to the future

analysis a mean value from the three microphones will be used in the rest of the thesis.

This should smooth out any irregularities or disturbances that might have influenced one

of the microphones. The mean value is calculated as,

Lm = 10log

[
1

3
(100,1Lp1 +100,1Lp2 +100,1Lp3)

]
.
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2.2.4 The difference between the microphone positions 0.5 m and 1.5 m
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Figure 2.7: Measured sound pressure level at two different lengths from the orifice; 0.5m

and 1.5m. The engine is in lifting mode and equipped with system containing Sil0.

Two causes are interesting to analyse more closely since there are a few factors within

the near field and external sound sources that can influence the final measuring results.

Near field effects were found in figure 2.7. As expected the levels are higher in general for

0.5 m than 1.5 m due to the difference in distance. A close-up on the low frequencies tell

a different tale since the levels at 0.5 m in figure 2.7 are very high, up to 35 dB higher than

1.5 m, between 0 Hz and 150 Hz. This corresponds to the term ”acoustic near field” [2]

which, in short, means that if (2πr� λ ) the sound pressure levels will be overestimated.

This is the case at 0.5 m from the orifice and it is clearly not the ideal distance. This is

why this thesis uses the distance of 1.5 m where frequencies should be much more than 36

Hz to minimize the near field effects. The 1.5 m function in figure 2.7 displays no signs

of near field effects. Since the highest sound level is at 100 Hz the use of a 0.5 m distance,

as Kalmar Industries currently does, can thus not be recommended. At a distance of 1.5

m the near field poses no source of error.

A drawback to using 1.5 m instead of 0.5 m is that the background noise is more

dominating here and the further away from the truck one moves the background noise

will be even more dominating.

It is assumed that externally created sound sources differ from the internal ones by not

decreasing at the same rate when changing the radius. The first and easiest peak to observe

is at 363 Hz, which proved to be one of two hydraulic pumps, used in the lift mode. This

peak is replaced by a mean value of the adjacent frequencies. Further frequencies that

can be assumed to originate from other sources are the 100 Hz and 200 Hz peaks, but

since these are the engine’s prime frequency respectively its double prime frequency it

is assumed that these two peaks are strictly internal. To be able to make certain wether

peaks are internal or external additional measurements must be made, taking the extra

precaution of isolating the truck or choosing additional measure points.
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3 Analysis of measurements on the silencers
This chapter explains how the actual measurement results are used and a how they are in-

terpreted. The graphs containing the measured sound are thoroughly examined to identify

peaks. This is done by using different analysing techniques.

3.1 Concerning the analysis and its methods

To be able to conduct a frequency analysis and to study the measurements with respect

to the frequency, a filter is needed when processing the signal data. Several filters exist

for this purpose, which differ from each other. Depending on which frequency intervals

that are supposed to be achieved, different filters are used. Kalmar Industries (KI) use

the Fast Fourier Transform - method (FFT) when measuring sound pressure level. This

gives KI discrete values that can easily be processed in a computer programme. When

using FFT, a band pass filter is used. The band width does not vary along the frequency

axis, which is why it is called an absolute bandwidth filter. Since the bandwidth of the

FFT filter in this measurement is only 1 Hz regardless of frequency it can be helpful to

use a constant relative filter instead. This can be done so that it produces an octave band

filter or, as used in this thesis, a one third octave band filter. These bands are proportional

to a middle frequency and the third octave filter has standardised bands [2]. However,

these table values are not used in the thesis. Instead the middle frequencies are based

on the definition fm = fl · (2)1/6 = fu/(2)1/6, fl=lower limit and fu=upper limit. The

middle frequencies are based and starting on the standard fm = 4 which is calculated

upwards producing middle frequencies near the standardised ones. Measurements were

made on three different settings on the engine, but only one of these settings are taken in

consideration when investigating the mufflers in this thesis. The setting that is taken in

consideration is lift, which is based upon the following reasons:

• The sound pressure level is noticeably higher during lift than during low and high

idle.

• The mean flow velocity in the pipes is much higher during lift than during low and

high idle.

• KI specifies that the investigation should focus on speeds near 2000 rpm.

• The different insertion losses are highest in lift. This means that the existing muf-

flers are most efficient during lift.

Measurements were also made on two different distances from the orifice, 0.5 m and 1.5

m, but in this section the analysis of the silencer configurations is made on 1.5 m. The

reason for this is described in chapter 2.2, where also more details about the near field

are given. The sound pressure level and insertion loss are additionally transformed to

third octave bands for all systems. This will give a clear understanding of the differences

between the muffler systems.

3.2 The configurations

3.2.1 System without silencer, Sil0

Figure 3.1 demonstrates the character of the sound emitted from the orifice. The sound

from Sil0 is not affected by any reactive or dissipative elements besides the length of pipes

themselves with their different dimensions. Pipes are considered as reactive elements.

10



Points of interest here are frequencies that stands out from the crowd or, in other words,

dominates the rest of the frequencies. Something should be mentioned here about sound

pressure and sound pressure level. The scale for dB is logarithmic which means that

high values of pressures receives a higher weight than a lower pressure value. A 6 dBA

difference of sound pressure level constitutes twice the sound pressure in Pascal. When

calculations of the sound pressure levels, of all the frequencies, are made it is therefore

very important to include frequency peaks which are 15 dBA above the surrounding

frequencies. Similarly, because low pressure values in Pascal receives low weight in dB,

low frequencies are unimportant in the context. It is based partially on this that, in some

graphs, frequencies below 51 Hz are excluded. Other than this the rest of the frequency

interval is included from 0-6400 Hz.

f[Hz] 99 198 330 395 430

( fm) (102) (203) (323) (406) (406) Sum

Lp [dBA] 105 97 90 90 92 106

Table 3.1: Without silencer. Sound pressure level, Lp, and their middle frequency in

parenthesis for the six most important frequencies and their logarithmic sum.

When observing only the peaks it is very clear that 99 Hz, with its 105 dBA, is very

dominant. In figure 3.1 and table 3.3 it can be seen just how dominant. Adding the four

next most dominating peaks, the logarithmic sum is just slightly higher. Above 1 KHz the

sound pressure level stays below 85 dBA. At 363 Hz the measurement produces a peak

while using Sil0, Sil1 as well as Sil1+2. This peak has been replaced with a mean value

based on the surrounding sound pressure levels. This was done because it became clear
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Figure 3.1: Measured pressure level, Lp, with FFT filter in frequency interval 0-1000 Hz

and bandwidth 1 Hz. System Sil0, Sil1 and Sil1+2. 1.5 m from the orifice with engine in

lifting mode.
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that this was an external source emanating from the truck’s hydraulics. This anomaly

is further addressed in the next chapter. As in chapter 2.2.4 when there was a small

difference in sound pressure level for different radii (distance from the orifice), as the

case was here. The 363 Hz peaks from all three settings are very similar to each other and

this does not follow the pattern for internal sources.
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Figure 3.2: Measured pressure level, Lp, with third octave band filter. The distance is 1.5
m from the orifice and the engine is in lifting mode.

Fast Fourier transform (FFT) graphs with 1 Hz bandwidth have benefits because they

illustrate with high resolution how the sound is behaving. On its drawback, the FFT-graph

often becomes to complex making it difficult to compare between different mufflers and

especially hard when comparing a muffler to a SIDLAB simulation. This is why, at many

times, it is more convenient to make broader bands which are smoother and more easy to

compare. In figure 3.2, broader bands are introduced with the width of third octave bands.

Still dominant in these bands are the five peaks from before but here, however, represented

in four bands. The third octave bands are referred to as their middle frequencies. No

decimals are shown. The third octave band at 406 Hz contains two of the peaks discovered

prior and as a result this band is now the third highest band. The two highest FFT-peaks

are represented in the two highest bands; 102 Hz and 203 Hz respectively. These bands

are still the most dominant and the 102 Hz band still rises above the rest, proving to be

indisputably most significant for the total sound pressure level. As an effect, the third

octave bands have variable width, getting wider further up the frequency scale, the bands

get higher levels as the frequency increases.

A consequence of the bands being a logarithmic sum of the sound pressure levels for

each frequency in the band. This results in the bands levels, though levels for each FFT-

band above 1 KHz being below 75 dBA, are very high in third octave bands. All the

way from 645 Hz to 3251 Hz the levels are similar and quite high which might make it

interesting to add these to a single band. In table 3.2 the entire frequency measurement

scale is divided into three bands. It can be observed that the 102 Hz (third octave) band,
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with system Sil0, represents half of the entire sound pressure with its 107,3 dBA. It is

therefore important to work on lowering all these parts when constructing a muffler. It

might be said that it is equally important to get rid of the 102 band as the remaining

bands. This is true in a way but bear in mind that the 102 third octave band is so very

small in bandwidth, with an even smaller peak in it, that it becomes a very isolated and

well defined problem compared to the entire frequency range and that is why the 102 band

is so very important. In table 3.2 the bands from 0 to 81 Hz only represent 86 dBA and is

therefore to low in lift mode to be significant when constructing a muffler.

Band ( fm) 5−81 102 128−512 645−6502 Sum without 102-band Sum Total

Lp [dBA] 86.0 107.3 105.1 103.7 107.5 110.4

Table 3.2: System without silencer, Sil0. Sound pressure level, Lp, for the logarithmic

sum of middle frequencies 5− 81, 102, 128− 512 and 645− 6502. But also the sum of

all these middle frequencies, with and without the 102 third octave band are presented.
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Figure 3.3: Measured pressure level, Lp, with FFT filter in frequency interval 0-6000 Hz,

at a distance 1.5 m from the orifice and the engine in lifting mode.

3.2.2 Silencer 1, Sil1

Figure 3.3 shows that Sil1 absorbs sound fairly even above 1 KHz by approximately

20 dB with a few exceptions. At 2210 Hz, for example, the pressure levels are almost

unchanged. This peak is rather low and far up in the frequency scale and therefore it is

left as is, because its influence is too small to take into account. It might also be an external

source, as it resembles the behavior of the 363 Hz peak. It is, concerning mathematical

modelling, far more interesting to study sound below 1 KHz. It is more interesting mainly

due to the fact that the mathematics become much easier to solve when dealing with sound

in the plane wave region. Also, although the part above 1 KHz has a large influence on the
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combined sound level, the Sil1 is working in a good and broadband manner here without

any high peaks. This renders further analysis abundant. A quick glance of figure 3.1 at

Sil0 and Sil1 shows an insertion loss of approximately 15 dB at 1 KHz down to almost 0

dB, not counting the peaks, where the functions meet just below 300 Hz. On this basis it

appears that the performance of Sil1 leaves much to be desired below 300 Hz.

At a closer view the levels in 400 Hz≥ f ≥ 600 Hz reveals that Sil1 erased almost

all peaks here. Above 600 Hz some peaks are still visible but not nearly as high or

well defined after the action of Sil1. The third octave bands in figure 3.4 shows that the

insertion loss for each band is below 10 dB for 51 Hz≥ fm≥ 323 Hz. The two highest and

thus most interesting peaks in the interval are 99 Hz and 198 Hz (note that 198 = 2×99).

Both peaks are attenuated by Sil1 though not sufficiently. The 198 Hz peak is in the

203 Hz third octave band and is circumstantially well attenuated with its 98 dB but it is

interesting seeing that the 203 band sound level are still very high.

For future considerations it should be emphasised that the 99 Hz peak (or the 102 band)

stands out like a sore toe because it is so very much higher than everything which makes

it the most dominating peak and that the silencers do not give it enough attention.

It is worth mentioning that if an effort is put in reducing 100 Hz then, depending on

which measures are used in doing so, 300 Hz, 500 Hz and so on will also be positively

affected [2]. The reduction of sound is dependent on when odd multiples of quarter wave

length is in accordance with the length of the resonator. This is true for quarter wave

resonators as well as for expansion chambers. This further emphasised the need to direct

attention towards 100 Hz. There is a drawback to all this which is that even multiples of

quarter wavelength will increase in sound pressure. In total Sil1 have an insertion loss at

about 7 dBA in the system.
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Figure 3.4: Measured insertion loss, DIL, with third octave band filter in the fm interval

51-6502 Hz. At a distance of 1.5 m from the orifice with the engine in lifting mode.
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f[Hz] 99 198 330 395 430 Total

( fm) (102) (203) (323) (406) (406)
Lp [dBA] 100 88 66 65 62 101

insertion loss 5 9 24 25 30 5

Table 3.3: The 5 most important Sound Pressure Level, Lp, peaks for Sil1. The peaks

are being positioned into the middle frequency in parentheses. Their total Lp to the right.

Insertion loss between Sil1 and Sil0 at the bottom.

fm 102 203 323 406 Lp Sum

Lp [dBA] with Sil1 102.4 91.2 86.1 82.6 103.3
Lp [dBA] with Sil1+2 100.3 87.3 86.2 82.7 101.3

difference 2.1 3.9 −0.1 −0.1 2

Table 3.4: Comparison of Sil1 and Sil1+2. Sound pressure level, Lp, for the middle

frequencies on the most significant third octave band.

f 99 198 297

Lp [dBA] with Sil1 100 87.5 79.5
Lp [dBA] with Sil1+2 97.9 82.3 79.8

difference 2.1 5.2 −0.3

Table 3.5: Comparison of Sil1 and Sil1+2. Sound pressure level, Lp, for the most signifi-

cant frequency tops in the FFT-graph.
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3.2.3 Silencer 2, Sil2

At first sight, when looking at the FFT-graph in figure 3.1 and 3.3, there is not such a

big difference between Sil1 and Sil2. However, there are roughly three important peaks

left when Sil1 has operated on the sound. Also the numbers in table 3.5 indicate that

Sil2 is slightly more efficient on the highest peaks. Even if the figure 3.1 shows little

difference compared to Sil1, it is still important to study the third octave bands. There

are a few interesting results in table 3.4 and to be seen among those are that the middle

frequencies, 102 and 203 bands are fairly attenuated. An assumption which could be

made is that wool around a perforated pipe will attenuate frequencies above 200 Hz very

well, but in this case Sil2 hardly reduces the sound at all. This does not necessarily mean

that the assumption is wrong but after Sil1 has reduced the peaks, it might have rendered

the data insufficient because of dominating background noise. There is some attenuating

made by Sil2, but also some increase of the sound pressure level. Consequently Sil2 is

counteracting itself, even tough it is not particularly big attenuations in either way. In

the end, the total result gives us some insertion loss. This phenomenon is clearer at low

frequencies, specially the 51 and 64 bands. At the 64 band Sil2 muffle from about 76

dBA to 72 dBA, it might even be considered as good insertion loss. However, this is

counteracted by middle frequency 51 Hz which is increased from about 72 to 76 dBA. In

total Sil2 have an insertion loss at about 2 dBA in the system.

3.2.4 Silencer 1+2, Sil1+2

What was said in chapter 3.2.2 about Sil1 and in 3.2.3 about Sil2 combined leads us to

this chapter concerning Sil1+2. Summarised it can be said that over the entire frequency

interval there is a total constant insertion loss with Sil1+2, however, not as efficient as

wished on 100 and 200 Hz. But the system Sil1+2 has a total insertion loss of 9,1 dBA,

and the sound pressure level goes from 110,4 dBA with Sil0 to 101,3 dBA with Sil1+2,

as observed in table 3.2 and 3.5. In total Sil1+2 have an insertion loss at about 9 dBA in

the system.

3.3 Concluding words of the analysis

3.3.1 Summary

The first data to be analysed were from the system without silencer, Sil0. Here the domi-

nating peaks and bands were identified. The 100 Hz and 200 Hz peaks, which the engine

produce at slightly less than 2000 rotations per minute, are significantly higher than the

rest of the frequencies and are for that reason causing a very great part of the noise. Due

to this, most of the analysis was devoted to the region around the 100 and 200 Hz peaks.

When studying the effects from Sil1 on the 100 and 200 Hz peaks it was found that the

insertion loss was relatively insufficient. There exists insertion loss, but not sufficiently

enough. The insertion loss for Sil1 is much more efficient on higher frequencies, just over

400 Hz and higher. Sil1 has, especially in the interval 400-600 Hz, done an enormous

amount of work. The silencer Sil2 muffle the low frequencies somewhat, but does not

muffle the high frequencies considerably. These are results that are quite the contrary

from what was expected prior to measurements, since an assumption was that Sil2 would

be most efficient at high frequencies. External peaks were identified and among those it

was 363 Hz that disturbed the measuring results the most. This was also the only spot

were the data was manipulated, since a mean value was generated for the entire 363 Hz

peak. In the end Sil1+2 has got the highest insertion loss at about 9 dBA and Sil1 only 2

dBA lower with a total insertion loss of 7 dBA.
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3.3.2 Comments

The graphs have been made in a way that it becomes easy to analyse and draw conclusions

from the data. This was achieved by using bands and filters such as the third octave band

filter. Disturbances in form of turbulence have been avoided when possible as in the case

with the replacement pipe, used in Sil0, which was made with long smooth bends with no

sudden area changes.

An important peak, 363 Hz, that was not attenuated by Sil1 or Sil2 was an external

sound source. This particular source was the lifting hydraulics which have two pumps,

this peak being the result of one of them. The peak also has a multiple at the double

frequency but was much weaker and was therefore left alone. The second pump, expected

to produce sound at 400 Hz, was absent in the graphs. Possible reasons for this might be

that it is situated on the truck in such a manner that the microphones would not record the

noise or that the pump quite simply did not make enough noise compared to the rest of

the truck. An obvious question is if there are other peaks that emanate from an external

source. More important, perhaps, is wether these possible external sources corrupt the

rest of the measurements. Other frequencies likely to be external are 100 Hz, 200 Hz and

2210 Hz. The last one is addressed in chapter 3.2.2. The other two are more delicate

since they represent the most important peaks as far as sound levels are concerned. No

measures were taken against these frequencies because it was assumed that the main part

of the sound came from the exhaust anyway. To achieve more accurate measurements it is

suggested that future measurements include shielding the truck in order to make sure that

only exhaust noise is recorded by the microphones. Another option is to measure at the

same points as before but directing the exhaust noise to somewhere else. This way it may

be assumed that the noise recorded is only background noise which can be deducted from

the measurements. A third option is to place microphones to record on different locations

on the truck, thus establishing which peaks are to be considered to be external sources.

Identifying the peaks so to speak.

The raw data was very time consuming to work with in the beginning, but the effort

of arranging the data into a massive excel-file in an easy-to-grasp fashion made the final

workload on making graphs and translating data into bands much shorter. Now changes,

new calculations and new analysis can be done quick and easy.

3.3.3 Sources of error in measurement

• Data are not reliable when pressure amplitudes are to small, which depends on that

the background noise could be dominating in those frequencies.

• With high certainty there are even more background noise at low frequencies than

for high frequencies. This statement comes from that sound with low frequencies

bends around objects better than high frequencies.

• Turbulence sources in silencer system. Jaggedness in pipes, transitions between

pipes, the flex pipe and pipes with bends are things that could produce high fre-

quency noise.

• Leakage coming from flex pipe and/or transitions.
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4 Acoustic theory of modelling a silencer
This chapter describes the basics of the theory behind SIDLAB. It starts with the wave

equation, and then the wave equation is modified to work in one dimension. The building

blocks in SIDLAB(1-port, 2-port and node) are introduced and a method is shown in

which an arbitrary network may be constructed and calculated. Finally an example of

how to construct a 2-port is shown.

The chapter 4.1 follow [2]. And chapter 4.2, 4.3 and 4.4 follows [7]. The example in

chapter 4.5 follow [6].

4.1 The wave equation in one dimension

The wave equation is fundamental to acoustic theory. It can be applied to sound in ducts

by using volume flow and mean flow velocity. In a pipe with mean flow velocity U the

particle velocity vector �u may be formulated as

�u(�r, t) = (U +ux)�ex +uy�ey +uz�ez, (4.1)

where we assume a constant velocity, U , of the mean flow over the cross section. ux, uy
and uz are the particle velocity in respective directions, t is time and�r the spatial vector.

If we add p pressure, the linear continuity equation is

∂ρ
∂ t

+U
∂ρ
∂x

+ρ0∇ ·�u = 0, (4.2)

where the total density is ρt = ρ0 +ρ with ρ0 being the density of the undisturbed medium

and ρ the disturbance in the density. In a corresponding way the linear continuity equation

turn into

ρ0

(
∂�u
∂ t

+U
∂�u
∂x

)
+∇p = 0, (4.3)

where the nabla operator, in a cartesian system, equals (∂/∂x,∂/∂y,∂/∂ z). When com-

bining (4.2) and (4.3) the general wave equation takes form and becomes

∇2 p− 1

c2

(
∂
∂ t

+U
∂
∂x

)2

p = 0, (4.4)

where the particle velocity vector �u is calculated via

ρ0
∂�u
∂ t

=−∇p. (4.5)

4.2 One dimension

For one dimension the wave equation becomes

∂ 2 p
∂x2
− 1

c2

(
∂
∂ t

+U
∂
∂x

)2

p = 0, (4.6)

and equation 4.5 may be written as

ρ0
∂�u
∂ t

=−∂ p
∂x

. (4.7)

SIDLAB is based on the assumption that only plane waves can propagate and that they are

limited to one dimension. This means that the sound waves only exist on one coordinate
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that is the direction of the pipe, be it bent or straight. The travelling sound wave may then

be described as

p = p+eiωt−ikx + p−eiωt+ikx, (4.8)

where p is the sound pressure and p+ and p− the travelling sound pressure amplitudes in a

positive respectively negative direction of x. The equation is true when the perturbations

in the fluids are small i.e. sound pressure level beneath 130-150 dB. Local exceptions

to these demands of linearity and dimensionality can be made locally inside a 2-port.

Furthermore ω = 2π f and k± = ω/(c±U), f being the frequency, c the speed of sound

in the medium and U the mean flow velocity of the medium. The plane wave assumption

means that the simulations are restricted to only lower frequencies although when dealing

with mufflers for vehicles this is not a problem because high frequencies are relatively

easy to attack through insulation.
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4.3 Ports and nodes

4.3.1 2-port

Elements such as pipes, resonators or area changes are in SIDLAB represented as 2-ports,

meaning that each element has two ports (for example a pipe that is connected at each end)

with possible interaction with a network. The two ports are called the inlet port and the

outlet port, indicating the direction in which each port is connected. The 2-port also has

two state variables described by travelling pressure amplitudes [3], illustrated with figure

4.1. Here, x1 and x2 are positive in the direction towards the 2-port. By using (4.8) the

Figure 4.1: Illustration of pressure amplitudes travelling to and from a 2-port.

2-port is described mathematically by(
p1−
p2−

)
= Sm

(
p1+
p2+

)
+
(

ps
1−

ps
2−

)
, (4.9)

where the outgoing p1−, p2− and ingoing p1+, p2+ are travelling pressure amplitudes

and also passive and unknown variables. The term, ps
1− and ps

2− are source pressure

amplitudes going away from the 2-port and are active and known variables. The Sm matrix

describes how the pressure amplitudes are scattered in the 2-port m, i.e., the amounts

passing through and reflected. The scattering matrix, Sm, can be calculated through the

reflection coefficient and transmission coefficient [5] of the 2-port.

4.3.2 1-port

The 1-port, as its name implies, has only one port and thus only affects a network through

that single port. A 1-port is a representation of an element such as an engine or an exhaust.

Similar to the 2-port, the 1-port is described by two state variables but they are pressure

p and volume flow q in this case. The pressure pn at the node (defined in chapter (4.3.3))

connected to the 1-port is described using two different models [3] by

pn = pns
0 −qnZns (4.10)

and

pn = Zns(qns
o −qn) (4.11)

where the pns
0 is the constant pressure source (the active part of a 1-port), Zns the source

acoustic impedance and qn the volume flow. A combination of (4.10) and (4.11) produces

the equation

pns
0 = Znsqns. (4.12)
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The 1-port has one passive part which is permanent and one active part which is optional.

In this way one may calculate a network’s passive part and later add any active component,

e.g. different engines connected to a single muffler since the theory is linear.

4.3.3 Node

A node is a connection point in a network to which an arbitrary number of 1-ports and

2-ports may be connected. All the nodes in a network also have one 1-port each which

is always connected. It can be chosen to affect the network as detailed in chapter 4.3.2,

or it can be set to have no effect on the network. In Figure 4.2 you can se four nodes in

a network. A node in a network like this manages how the flow is divided between the

2-ports connected to the node. The inlet ports to a node are assumed to have the same

combined area as the outlet ports. To describe a node the volume flow q is defined by [7]

q =
p+− p−

Z
, (4.13)

is studied. The characteristic impedance is Z = ρ0c/A, where c the speed of light and A
is the cross section area where the plain wave propagates. The sum of the volume flow of

all connections to a node is equal to the total volume flow of the node and can be written

as

qn = ∑
mn

pn
mn+− pn

mn−
Zn

mn

, (4.14)

where Zn
mn

= ρ0c/An
mn

and An
mn

is the cross sectional area of the 2-port number m con-

nected to node n. Now (4.10) can be combined with (4.14) producing

pns
0 − pn

Zns = ∑
mn

pn
mn+− pn

mn−
Zn

mn

. (4.15)

The pressure is assumed to be continuous across the node giving

pn
mn+ + pn

mn− = pn, ∀n and ∀mn, (4.16)

which together with (4.12) and (4.15) gives

pns
0 − pn

Zns =
Znsqns

0 − (pn
mn+ + pn

mn−)
Zns = qns

0 −
(pn

1+ + pn
1−)

Zns . (4.17)

By combining (4.17) and (4.15) we get

qns
0 −

(pn
1+ + pn

1−)
Zns = ∑

mn

pn
mn+− pn

mn−
Zn

mn

, (4.18)

which in matrix form becomes Sn
+pn

+ = Sn−pn−+ qns
0 . Here Sn

+ and Sn− [mn×mn] are the

positive and negative scattering matrices, respectively, for the node n, given by

Sn
+ =

⎡
⎢⎢⎢⎢⎣

1
Zn

1
+ 1

Zns
1

Zn
2

. 1
Zn

mn
1 −1 0 . 0

0 1 −1 0 .
. . . . 0

0 . . 1 −1

⎤
⎥⎥⎥⎥⎦ ,Sn

− =

⎡
⎢⎢⎢⎢⎣

1
Zn

1
− 1

Zns
1

Zn
2

. 1
Zn

mn−1 1 0 . 0

0 −1 1 0 .
. . . . 0

0 . . −1 1

⎤
⎥⎥⎥⎥⎦ . (4.19)
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pn
+ and pn− [mn× 1] are travelling pressure amplitudes going into and out from node n

and qns
0 [mn× 1] the source strength from the 1-port connected to the node. This is a

description of how the impedance affects the node and how the pressure amplitudes are

scattered but also how a 1-port affects the node and subsequently the entire network.

Now, we have a description of all the different components of the network but still need a

description of how to connect everything.

4.4 Complete network

A representation of the entire network and how it is connected is vital for further calcu-

lation. First all the 2-ports and pressure amplitudes are written in matrix form. The pres-

sure amplitudes for the 2-ports becomes pc±= ((p1± p2±)1 · · ·(p1± p2±)M))T , a [2M×1]-
matrix and similarly pcs− = ((ps

1± ps
2±)1 · · ·(p1±s p2±s)M))T . The c denotes that the vec-

tors are for the complete network and s denotes that it is the source strength in the 2-port.

The cs thus indicates that it is the source strength for the complete network. Left to con-

struct are the scattering matrices for the 2-ports which are simply the diagonal elements

of a [2M×2M] matrix called Sc. With these, equation (4.9) becomes

pc
− = Scpc

+ +pcs
−, (4.20)

which describes how the pressure amplitudes are related in the complete network.

4.4.1 The Projection matrix

To be able to connect the 2-ports to each other through nodes we introduce the ”projection

matrix” P
n[mn× 2M]. P

n contains information as to whether node n is connected or not

connected to a 2-port. The information in P
n also tells whether it is an outlet or inlet port.

To sum up, P
n describes the connection between local pressure amplitudes and pressure

amplitudes for the complete network. The matrix P
n should satisfy

pn
± = P

npc
±,

where the value of P
n in every position is 0 or 1, 1 if the node is connected to the 2-port,

otherwise 0. Figure 4.2 describes a network of 2-ports and nodes.

For node 3 in figure 4.2 we have

p3
− =

⎛
⎝ p2,2−

p1,4−
p2,5−

⎞
⎠ , p3

+
=

⎛
⎝ p2,2+

p1,4+
p2,5+

⎞
⎠ .

where the first number in the index is 1 if the connection is an inlet port and 2 if it is

an outlet port. The second number describes to which 2-port the connection goes. For

example p2,5+ is a pressure amplitude from the node(+), through an outlet port(2) and

connected to 2-port 5. Now we can formulate our projection matrix P
3 [3x10] as follows

P
3 =

⎡
⎣ 0 0 0 1 0 0 0 0 0 0

0 0 0 0 0 0 1 0 0 0

0 0 0 0 0 0 0 0 0 1

⎤
⎦

↑ ↑ ↑ ↑ ↑
↑ ↑ ↑ ↑ ↑

← 2-port number 2

← 2-port number 4

← 2-port number 5

← Inlet port for the 2-ports 1 to 5

← Outlet port for the 2-ports 1 to 5.

Going back to the general description; Sn
+pn

+ = Sn−pn−+ qns
0 could be rewritten to incor-

porate P
n, it follows that:

Sn
+P

npc
+ = Sn

−P
npc
−+qns

0 .
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Using equation (4.20) and simplifying the expression, an equation for all nodes may be

written as [
∑
n

(Sn
+P

n−Sn
−P

nSc)
]

︸ ︷︷ ︸pc
+ =

[
∑
n

Sn
+P

n
]

︸ ︷︷ ︸pcs− + ∑
n

qns
0︸ ︷︷ ︸

= A = B = qcs
0

,

The final state of A and B are derived through basic matrix calculations, although [7]

provides an algorithm. Consequently,

Apc
+ = Bpcs

−+qcs
0 , (4.21)

where A and B are two matrices of the form [2Mx2M] describing the scattering in the

complete network. Every node in the network creates a row in A and B for each connec-

tion to a 2-port. The number of rows in A and B is two times the number of 2-ports in the

system, that is 2M rows. The total source strength is qcs
0 ([2Mx1] in vector form) for all

1-ports that are connected to the network. All rows in Apc
+ = Bpcs−+qcs

0 , can be solved in

the frequency plane for any frequency. Because A and B contains passive data from the

1-ports and 2-ports, it is possible to calculate A and B by knowing the geometry of the

network. On the left side of equation (4.21), A describes pc
+ scattering in the network. On

the right side, B describes how pcs− is scattering in the network. To calculate A and B an

algorithm could be useful. One algorithm involves the G-matrix, which will be explained

in the next chapter.

4.4.2 The G-matrix

The G-matrix is built up very simply with rows representing nodes and columns repre-

senting 2-ports in the network. All 2-ports and nodes in the network are represented by

the matrix. The matrix element is denoted by its position g(n,m) and the value in that

position indicates whether there is a connection or not and if so in which direction. This

Figure 4.2: Illustration of a network containing five 2-ports, four nodes and the connec-

tions between them with directions.
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is achieved by

g(n,m) =

⎧⎨
⎩

1 , if two-port m is connected to node n via an inport

−1 , if two-port m is connected to node n via an outport

0 , if no connection between m and n exists.

Now A and B can be built up by studying G. But first we introduce three new notations:

mn, k and l. mn is the number of values in row n in G that is not equal to 0, i.e. the

number of 2-ports connected to node n. Building mn rows in both A and B, every row is

numbered from 1 to k. Variable l is the l:th number separated from 0 in row n in G. The

graph matrix for figure 4.2 is

G =

⎡
⎢⎢⎣

1 1 0 0 0

−1 0 1 0 1

0 −1 0 1 −1

0 0 −1 −1 0

⎤
⎥⎥⎦

↑ ↑ ↑ ↑ ↑
1 2 3 4 5

← Node 1

← Node 2

← Node 3

← Node 4

← 2-port number.

Each row in G gives mn values not equal to 0, and every such value occupies 2 positions

in row kn in A and 2 positions in row kn in B. For every g(n,m), two values: positions

a(k,2m− 1) and a(k,2m) are determined for every row k = 1, ...,mn. The same method

is used in B. In this way both A and B becomes [2M× 2M] matrices. The element

g(m,n) = 0 gives, in A, a(k,2m− 1) = 0 and a(k,2m) = 0. Following this method the

B-matrix for the network in figure 4.2 is

m = 1 m = 2 m = 3 m = 4 m = 5︷ ︸︸ ︷
2m−1 2m

︷ ︸︸ ︷
2m−1 2m

︷ ︸︸ ︷
2m−1 2m

︷ ︸︸ ︷
2m−1 2m

︷ ︸︸ ︷
2m−1 2m⎡

⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣

S1
−11 0 S1

−12 0 0 0 0 0 0 0

S1
−21 0 S1

−22 0 0 0 0 0 0 0

0 S2
−11 0 0 S2

−12 0 0 0 S2
−13 0

0 S2
−21 0 0 S2

−22 0 0 0 S2
−23 0

0 S2
−31 0 0 S2

−32 0 0 0 S2
−33 0

0 0 0 S3
−11 0 0 S2

−13 0 0 S3
−13

0 0 0 S3
−21 0 0 S2

−23 0 0 S3
−23

0 0 0 S3
−31 0 0 S2

−33 0 0 S3
−33

0 0 0 0 0 S4
−11 0 S4

−12 0 0

0 0 0 0 0 S4
−21 0 S4

−22 0 0

⎤
⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦

kn = 1

kn = 2

}
n = 1,m1 = 2

kn = 1

kn = 2

kn = 3

⎫⎬
⎭n = 2,m2 = 3

kn = 1

kn = 2

kn = 3

⎫⎬
⎭n = 3,m3 = 3

kn = 1

kn = 2

}
n = 4,m4 = 2

.

(4.22)

The unknown vector pc
+ can now be solved and using (4.20), pc− is also solved. With that,

all the pressure amplitudes are now known.
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4.5 Examples

4.5.1 Making an S-matrix

This example shows a general way to produce an S-matrix from two impedance changes,

for example an expansion chamber. This formalism is based on travelling pressure waves

as state vectors and a scattering matrix S [4].

Z1 Z2 Z3

e−ikx +R0eikx T0e−ikx

x = 0 x = L

(4.23)

Figure 4.3: Representation of a pipe with two impedance changes at x = 0 and x = L. The

incident wave e−ikx and the transmitted wave T0e−ikx travel from left to right.

A wave travelling through a pipe may be described by p = pie−ikx + preikx. Assuming

pi = 1, the total incidental wave can be expressed as e−ikx + R0eikx, when x < 0. Here

R0 is the reflected pressure amplitude. The wave travels in a pipe which characteristic

impedance changes from Z1 to Z2 and finally to Z3, where no reflection exists in the last

pipe. This let us to set the outgoing transmitted wave to T0e−ikx where x > L. Note that

only a right-travelling wave is present in this example. Three cases a), b), and c) are set

up to include all different waves in the two-port:

Z1 Z2

e−ikx + raeikx tae−ikx

x = 0

(4.24)

Figure 4.4: A closer look at the left side of the pipe with impedance changes at x = 0. The

wave travels from left to right. e−ikx + raeikx is the total wave travelling from the left and

at x = 0 the transmitted part of the wave is tae−ikx.

Case a) Let e−ikx + raeikx be the wave travelling from left to right in x < 0 and tae−ikx the

transmitted wave in x > 0 assuming a reflection free end; se figure 4.24. The reflec-

tion is achieved by a change in impedance from Z1 to Z2 at x = 0. Here ra and ta
are known.
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Z1 Z2

tbeikx eikx + rbe−ikx

x = 0

(4.25)

Figure 4.5: A closer view of the left side of the pipe with impedance changes at x = 0.

The wave eikx in x > 0 is impinging from right giving a reflected wave rbe−ikx in x > 0

and a transmitted wave tbeikx in x < 0.

Case b) Let eikx + rbe−ikx in x > 0 be the wave travelling from right to left and tbeikx the

transmitted wave in x < 0; se figure 4.25. This is true when x < 0 and when the left

side is assumed to be reflection free(for future reference, this case is equivalent to

Beikx +Brbe−ikx = Btbeikx). Here rb and tb are known.
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Z2 Z3

e−iky + rceiky tce−iky

y = x−L = 0

(4.26)

Figure 4.6: A closer look at right side of the pipe with impedance changing in y = x−L =
0. The wave e−iky in y < 0 is impinging from left giving a reflected wave rceiky in y < 0

and a transmitted wave tce−iky in y > 0.

Case c) Let e−iky + rceiky be the travelling wave from left to right in y < 0 and tce−iky the

transmitted wave in y > 0; se figure 4.26. The reflection is achieved by a change in

impedance from Z2 to Z3 at y = x−L = 0. Here rc and tc are known.

The pressure in the entire 2-port may be described by

Z1 Z2 Z3

e−ikx +R0eikx Ae−ikx +Beikx T0e−ikx

x = 0 x = L

. (4.27)

Figure 4.7: Representation of a pipe with two impedance changes at x = 0 and x = L. The

incident wave travels from left to right.

The required variables are now given and the calculations may commence. The objec-

tive is to obtain expressions for R0 and T0. Starting with x = 0 we have

R0 = ra +Btb,

where ra represents the first reflection and is given in a), and Btb the transmission from

the wave Beikx and is given in b). Similarly,

A = ta +Brb,

describing the first transmission from the wave e−ikx and reflection from Beikx. Here, ta
from case a) and Brb from case b). After this we would like to derive an expression for

T0. In the middle part of (4.27) the right going wave can be rewritten as

Ae−ikx = Ae−ikLe−ik(x−L) = Ae−ikLe−iky.

From case c) we then get in the right part of (4.27) that

Ae−ikLtce−iky, (4.28)

which combined with T0 gives

T0e−ikx = Ae−ikLtce−iky = Ae−ikLtce−ik(x−L) = Atce−ikx

which simplifies to

T0 = Atc.

27



Now R0 and T0 are expressed in the variables A and B. We want an expression of R0 and

T0 expressed without A and B. When studying x = L we can produce expressions for A
and B in this point. The incident wave

Ae−ikx = Ae−ikLe−ik(x−L) = Ae−ikLe−iky

produces the reflected wave

Ae−ikLrceiky = Ae−ikLrceik(x−L) = Arce−2ikLeikx

on the left hand side. Thus, B = Arce−2ikL and because A = ta +Brb this means that

1

rc
e2ikLB = ta +Brb

and

B =
ta

1
rc

e2ikL− rb
.

Since R0 = ra +Btb and T0 = Atc we can write the expressions in its final state:

R0 = ra +
tatb

1
rc

e2ikL− rb

or

p
1− = p

1+

(
ra +

tatb
1
rc

e2ikL− rb

)
,

respectively,

T0 =
tatc

1− rcrbe−2ikL

or

p
2− = p

2+

(
tatc

1− rcrbe−2ikL

)
.
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4.5.2 Expansion chamber

This theory can now be applied to an expansion chamber where the impedance changes

from Z to Z0 and back to Z again (Let Z1 = Z3 = Z and Z2 = Z0). Writing the entire

scattering matrix the different elements can be identified.[
p

1−
p

2−

]
= Sm

[
p

1+

p
2+

]
=
[

S
11

S
12

S
21

S
22

][
p

1+

p
2+

]
Since the reflected and transmitted amplitudes are R0 = p

1− and T0 = p
2− this lets us

to define two of the scattering matrix elements as S
11

= R0 and S
21

= T0. At a point of

change of cross-sectional area the relationship between the reflected and incidental wave

is expressed [5] by
pr

pi
=

Zb−Za

Zb +Za
, (4.29)

where a wave leaves a pipe with impedance Za and enters a pipe with impedance Zb.

Three reflection coefficient exists as follows (note that the incident waves, pi, is set to 1)⎧⎪⎪⎪⎪⎪⎨
⎪⎪⎪⎪⎪⎩

Z → Z0 : ra = Z0−Z
Z0+Z and ta = ra +1 = 2Z0

Z0+Z

Z ← Z0 : rb = Z−Z0
Z0+Z and tb = rb +1 = 2Z

Z0+Z

Z0 → Z : rc = Z−Z0
Z0+Z and tc = rc +1 = 2Z

Z0+Z .

Using this new information,

S
11

=
Z0−Z
Z0 +Z

+
4ZZ0

(Z0+Z)2

Z0+Z
Z−Z0

e2ikL− Z−Z0
Z0+Z

,

and

S
21

=
4ZZ0

(Z0 +Z)2− (Z−Z0)2e−2ikL .

Because of the symmetry in this example, S
22

= S
11

and S
21

= S
12

. Thus, we have a

scattering matrix Sm which represents an expansion chamber.
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5 Modelling of silencer
This chapter contains a short background about muffler modelling followed by an exam-

ple of how to interpret a physical muffler into SIDLAB code after which an explanation

follows of how the Sil1 and sil2 where modelled. The results of the SIDLAB output is

then compared to the experimental data analysed in chapter 3. This comparison verifies

that the simulation of the silencers are accurate and corresponds to the reality. This led to

the possibility to make three different suggestions to improve the existing mufflers.

5.1 Modelling background

The art of simulating reality with a computer model to a great accuracy is something

highly appreciated. Simulation in general is a great help in doing a minimum of expen-

sive, time consuming testing. Depending on the tools used (and the people using these

tools) the result can be more or less accurate. This thesis uses a tool designed for sound

in ducts, using MATLAB as a base of calculations and is consequently called SIDLAB.

SIDLAB should be considered to be a highly accurate tool when dealing with the well

proven elements such as a straight pipe, an expansion chamber or a quarter wave res-

onator. The reality, however, does not always consist of well defined acoustic elements.

Instead experience and calculations have to be used to be able to get a resemblance of the

actual muffler, as is the case for the thesis. A simulation does not even have to be very

accurate in order to get important information from it. A crude simulation might even be

enough to get an overall image of how the muffler works and what elements or parameters

that should be altered to make a good improvement. The simple fact that only a reduction

of length, instead of an increase, of an element should be made has already cut testing

costs in half.

Simulation requires that properties are known, some more important than others de-

pending on frequency and accuracy of the result. The simulation variables can be tweaked

in several different ways to produce similar results. The interpretations vary depending on

the desired result but this occasion concerns length, volume, perforation, insulation and

source impedance. A muffler is basically represented in cascade starting from the source

in form of a start node and a source impedance, then the elements follow in the same

order as the flow of sound and mean flow. To finish it all off there are several options

but free space, with an end node, was used in this case. To obtain DIL (see chapter 2.2.2)

a reference must be entered. This is appropriately set to the same length as the muffler

system which is to be simulated.

5.2 Example from the SIDLAB manual

To divide a volume into useful smaller elements is not trivial. This example from the

SIDLAB manual will perhaps shed some light on one way to address the problem. The

example will show how elements could be chosen; we do not calculate the result of the

simulation. The figure 5.1 is of a so called rock drill silencer and the volumes are divided

into quarter wave resonators and pipes. There are two different ways to make this division.

The choice to be made is simply the way that works best but striving to keep the resonators

length in the direction of propagation is a good rule to follow. In figure 5.1 this direction

is right to left.

Because the pipe ”element 1” enters from the side, the first quarter wave resonator

is from the center of the pipe to the far right end of the silencer. The part between the

center of pipe 1 to the beginning of the pipe 5 is considered to be a pipe. To the left

of the beginning of pipe 5 the volume is once again considered to be a quarter wave
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Figure 5.1: Top: Silencer for a rock drill. Middle: Data for elements in table. Below: The

belonging schematic picture for all elements.

resonator. Simplified, the resonators could be thought of as volumes where no mean flow

can exist. Between element 1 and 5 it is obvious that the exhaust will flow. Although not

so straightforward the same theory has been applied to the volume to the left of the figure.

Creating two more quarter wave resonators and one pipe out of one volume.

31



5.3 Modelling Sil1 and Sil1+2

Figure 5.2: Left: Silencer 1 in 2-D. Top Right: Silencer 1 cut up in 3-D. Bottom Right:

The schematic picture over all elements in system.

To the left in figure 5.2 Sil1 in 2-D can be seen, every volume has a number in this

picture which represents an element in the SIDLAB scheme down to the right. Up to the

right Sil1 cut up in 3-D could be studied. The volumes is numbered in the 2-D picture and

also in the schematic SIDLAB picture. When dividing the silencer it is done in the same

way as in chapter 5.2. All element data are displayed in table 5.1. A description of all the

elements and why they are chosen follows:

1. Starting node. With the input Source impedance.

2. Pipe. This pipe represents the length between engine and silencer 1. The pipe is

0.85 m, but a length of 0.35 m has been added to it because of the engines own

length between turbo and outlet from engine. Observe that this length has been

estimated. Totally, this pipe-element has a length of 1.20 m.

3. Quarter wave resonator. The elements named 3 and 4 are actually one single vol-

ume. This division has been done using the same method as in the example from
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the SIDLAB manual above. The quarter-wave resonator has the length 0.14 m and

has a theoretical maximum sound reduction at around 900 Hz. The resonator con-

sists partly of insulation which is why the sound reduction will be slightly broader,

around 700-900 Hz. To simulate insulation a flow resistivity of 22 000 rayl/m2 has

been added to the quarter wave resonator.

4. Pipe.

5. In the silencer there are two perforated pipes in an insulated volume. The pipes are

said to be coupled since the sound interacts between them. They are simulated as

one pipe with the same cross section area as the two separate pipes together. To

simulate insulation there has been added a flow resistivity of 11 000 rayl/m2.

6. This is a complicated part of the muffler and consists of three perforated pipes

with a perforated plate with insulation at the end of the volume. There are several

possibilities of how to simulate this but for this model it is represented as a large

quarter wave resonator of length 0.27 m and all the separate parts in the volume have

been interpreted as a flow resistivity of 10 rayl/m2. The theoretic sound reduction

for the resonator is 450 Hz. The amount of insulation is so small in this resonator

compared to the entire volume that it has been ignored and only the perforations

were included in the flow resistivity.

7. This is a lined duct with a very small amount of lining.

8. Pipe. The last pipe-length in silencer 1.

9. Pipe.

10. Pipe/lined duct. This is where the additional silencer (lined duct) called Sil2 is

placed. It is either a lined duct or a pipe of identical length depending on configu-

ration.

11. Pipe.

12. Ending node. Free space.

Theflow resistivity in rayl/m2is estimated for different rock wool products from infor-

mation [1]. Temperature in each element are extrapolated from measured values, see

appendix A.1. The thesis is not concentrated on high frequency sound and because of

that the flow resistivity causing sound absorbtion is not that important. The results from

modelling these silencers are given in next chapter, and the differences between the result

from modelling and measurement are discussed.

5.4 Comparison between modelling and measurement

5.4.1 Sil1

In order to compare the measurements with the computer model it is necessary to set SID-

LAB to produce insertion loss rather than transmission loss. In figure 5.3 the insertion loss

from the peaks with more than 80 dB sound pressure level are shown. Additionally two

peaks in the 750-1000 Hz interval, which are below 80 dB, are also in the data selection

so that the entire 0-1000 Hz interval is represented.

In the 0-220 Hz interval, which is very complicated to describe in a computer model,

the DIL is very small in the measurement as well as in the SIDLAB calculations. In table
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Figure 5.3: The insertion loss for 17 peaks in the measurement marked by filled squares.

The simulated insertion loss function marked by x, and the deviation between measure-

ment and modelling for Sil1 marked by empty squares. Measurement is for lifting mode,

1.5 m from orifice. The frequency range is 0-1000 Hz.

Peak Frequency [Hz] Sound level [dBA] Measured DIL Modelled DIL Deviation

1 99 105 5 5 0

2 132 86 10 13 3

3 198 97 10 11 1

4 231 82 11 19 8

5 264 81 17 16 −1

6 297 84 4 10 5

7 330 90 24 23 −1

8 397 89 27 20 −6

9 430 92 29 25 −5

10 446 81 20 20 0

11 463 86 21 21 0

12 496 83 20 19 0

13 529 87 26 23 −4

14 562 80 16 20 4

15 694 81 16 21 5

16 793 77 16 15 0

17 921 77 20 22 2

Table 5.2: Insertion loss for 17 peaks in the measurement. The modelled insertion loss

and the deviation between measurement and modelling for Sil1. The measurement is for

lifting mode, 1.5 m from orifice. The frequency range is 0-1000 Hz.
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5.2 there are three frequency points with more than 5 dB in deviation. In graph 5.3 these

lie in a steep slope meaning that a slight skew of either curve (measurement or modelling)

will make them fit with a much smaller deviation. However, it might also give an opposite

result, i.e., a mismatch. In the 220-600 Hz interval the deviations are quite small and the

modelling and measurement are very similar to each others trends. This small deviation

has been achieved by assuming that a part of a volume in Sil1 is a large quarter wave

resonator, element 6, in SIDLAB. Further up the frequency scale, from 600 Hz to 1000

Hz, there are also small deviations. The model, however, shows slightly higher DIL than

the measurement, but the trends remain similar. The quarter wave resonator called element
3 is efficient at 900 Hz. Also noticeable in table 5.2 is that for most peaks the DIL is higher

for the modelling than for the measurements. This is assumed to be a result of disturbance

of external sources.

5.4.2 Sil1+2

When modelling system Sil1+2 the silencer Sil2 has been installed onto the system Sil1.

In other words to construct system Sil1+2 the pipe in element 10 has been replaced by

a lined duct. All the other elements and their variables have the same values as prior

in Sil1. Viewing figure 5.4, Sil2 seems to work in a broadband and efficient manner in
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Figure 5.4: Sil1 vs Sil1+2 in modelling.

the higher frequencies, above 220 Hz. However, according to the measurement there

is no attenuation in this interval. The reason, explained in chapter 3.2.3, is that Sil1

is assumed to attenuate the noise at this frequency very well and the efficiency of Sil2

is drowned in background noise. This means that the noise at high frequencies, which

originates from other external sources, is higher than the noise coming from the silencer

system. Looking at the interval 0-220 Hz you can se that the insertion loss is slightly

better, and this corresponds to the measurement. Thus, the measurement has a little bit

better insertion loss in the peaks 100 and 200 Hz as could be seen in figure 3.2 by the

third octave band 102 and 203.
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Figure 5.3 portraits a simulation which is very close to the measurements. It is there-

fore assumed that the simulation is an accurate description of the real Sil1 and Sil2 which

makes it possible to make the suggested improvements in the next chapter.
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5.5 Improved Sil1

There are many ways to improve a silencer. In chapter 5.5.1 it is shown two general

ways to improve a silencer which are meant to determine whether the silencer is poorly

dimensioned or if it is not. Chapter 5.5.2 contains a direct method of improving the

insertion loss at the hard-to-get 100 Hz frequency.

5.5.1 Axial and radial increase of volume

What first comes in to mind is to try to tune the pipes so that they work better at 100 Hz

and 200 Hz which is simply done by making the pipes longer. The figure 5.5 shows the

effect of all lengths being doubled, giving an axial increase in volume.
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Figure 5.5: Sil1 doubled in axial length compared to Sil1.

In figure 5.5, a general displacement towards lower frequencies takes place. The 450

Hz peak is now around 225 Hz which relates to the double length of the quarter wave

resonator, element 6, from chapter 5.3. To get this element to attenuate at 100 Hz more

than double the length would be needed which makes it a poor option due to lack of space

in the truck. Note that the muffler is now only tuned and has not a, substantial, general

increase in efficiency.

An other option is to increase the radial dimensions by two, thus quadrupling the vol-

ume but keeping the original lengths of the pipes. The insertion loss seen in figure 5.6 is

clearly much higher for this latter configuration. There is a broad band increase of effi-

ciency here but for 100 and 200 Hz there is still little change. These two models strongly

implies that the muffler is too small and poorly tuned as said in chapter 3.3.1.

5.5.2 Parallel resonator

It seems that other measures must be made in order to improve at the difficult low fre-

quencies. One way is to use a parallel resonator. A parallel resonator divides the sound

in two branches with different length in the same manner as a half-wave resonator[3], but
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Figure 5.6: Sil1 doubled radii compared to Sil1.

also leads the sound into a volume. The two branches are combined again at an appro-

priate place in the muffler. With this method one can reach those hard-to-get frequencies

down at 100 Hz without major alterations of the muffler dimension. The drawback of

this resonator is that, due to the bypass, it leaks sound and looses insertion loss where

the resonator is not tuned. This means that if the resonator is tuned for low frequencies

it drops DIL at higher frequencies. To tune a parallel resonator to 100 Hz a difference in

distance of 1,6 m is needed and this is achieved through elongating the elements 5 and 7

with 0.5 m each. Now a leakage is needed to bypass the sound. One solution is to drill

holes in element 7 as portrayed in figure 5.7, the silencer to the right.

Figure 5.7: Left: Sil1. Middle: Sil1 without shell. Right: Sil1 with an example of drilled

holes.
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The extraordinary increase of insertion loss at 100 Hz is astonishing, although the

peak is very thin as figure 5.8 shows and therefore makes the muffler unstable. At higher

frequencies the DIL is slightly lower at some points. It should be noted that this is not a

solution at its final state but rather a way to show that 100 Hz can be attenuated with simple

and inexpensive measures. Further testing and modelling is required for this idea to be

ready for implementation in a truck. Because the higher frequencies lacked attenuation

in the parallel resonator example, the idea came to mind to use the Sil2 in addition to the

modified system, since it is designed for the high frequency range. An example of how a

parallel resonator may be accomplished is portrayed in figure 5.9. This configuration has

high DIL in higher frequencies as well as a two high wide peaks by 100 Hz and 200 Hz.
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Figure 5.8: Built-in parallel resonator into silenser Sil1 in system sil1 compared to system

Sil1.

5.6 Concluding words of the modelling of a silencer

5.6.1 Results

The simulations provides a proof of that the new measuring method in section 2, devel-

oped for the thesis, worked. Without this new method it is much more complicated to

get the sufficient data to work with. The currently used method involves sending the

engine and the complete silencer system to the Marcus Wallenberg Laboratory. The sim-

ulations also show that SIDLAB is a useful tool when developing new mufflers and when

analysing existing mufflers. It may also be helpful when reducing total sound of a truck,

for example, by identifying which noise that originates from the engine and noise that

originates from different parts of the vehicle.

After modelling the existing Sil1 and Sil2 three improvements where proposed for

Sil1. The two first alternatives show that the silencer Sil1 is poorly dimensioned; Sil1 is

to small. The third alternative provides a suggestion of how to attenuate the low frequency

area. The well defined peak at 100 Hz is now in reach for the silencer and the insertion loss

for Sil1, with a parallell resonator implemented, increases creating an incredible result as

40



-10

0

10

20

30

40

50

60

70

0

10
0

20
0

30
0

40
0

50
0

60
0

70
0

80
0

90
0

10
00

f [Hz]

D
IL

 [d
B

]
Sil1 with parallel resonator (0,5m longer) + Sil2

Sil1

Figure 5.9: Built-in parallel resonator into silencer Sil in system sil1+2 compared to sys-

tem sil1.

showed in figure 5.8. Adding Sil2 to the system then gives that extra attenuation to the

frequencies that had increased in DIL due to the use of a parallell resonator. This can be

seen in figure 5.9.

5.6.2 Sources of error in the modelling

The following list contains errors that where not possible to correct in this thesis but if

actions are taken to rectify these errors the modelling would provide more accurate results.

• When determining the inlet mass flow in the unit kg/s the density used was the

same as for air. To get a more correct inlet mass flow one needs measurements of

the diesel engines exhaust and thus get the correct density. This can overestimate

or underestimate the peaks at actual frequencies.

• The simulation is difficult at low frequencies where the near field effects in the

measurements produce an overestimate of sound pressure levels.

• The source impedance is an estimation based on which numbers gave the best re-

sults. A measurement on the complete system with engine and mufflers would

provide more scientific weight to the modelling. To achieve this information, the

engine and silencers has to be sent to the Marcus Wallenberg Laboratory in Stock-

holm.

• The existing muffler system has too small dimensions. This makes the system very

unstable and thus very sensitive to different source impedances (different engines).

This makes the fact that the source impedance is chosen as described above unfor-

tunate. The muffler dimensions should consequently be larger so that the end pipe

reflections do not travel through the entire system without being attenuated.
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• The claim that the data is insufficient ,made in section (3.3.3), means that there

are frequencies where there is good theoretical DIL but nothing in the measured

DIL. Reversed, there are places where there are no information in the measurement

which makes it very difficult to make a distinction between areas of little DIL or

areas of little information.

• Perforated pipes and different insulation materials in the muffler are represented as

a flow resistivity are estimated from information in the literature.

• The value of exhaust gas flow is taken from the engines own specifications. Mea-

sured values would provide more accuracy to the modelling.

• Some lengths in the system are uncertain, for example the distance between the

turbo to the first pipe and how this should be simulated.
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6 Summary of results
6.1 Measurement method

The new measuring method, developed in this thesis, provides very useful information.

This method is an option which requires only an ordinary microphone and an open field

thus allowing the measurement to take place at a company’s own premises. Previously,

Kalmar Industries AB has only recorded the total sound pressure levels. Doing so, one

neglects the individual sound sources and frequency components that are vital for an

analysis of the sound.

6.2 Analysis of measuring results

The new measuring method makes it clear that the main silencer is not working well.

The method produces highly analysable data for evaluating the efficiency of the truck si-

lencers. Two frequencies are identified to be, by far, most important for the total sound

pressure level, 99 Hz and 198 Hz. It is determined that the silencers have very low inser-

tion loss at these peaks, i.e, the silencers are extremely inefficient where they should be

efficient. For frequencies higher than 250 Hz the insertion loss is found to be acceptable,

however, this is overshadowed by the extreme lack of insertion loss at 99 Hz. Some ex-

ternal sound sources are also identified, making it possible to exclude those frequencies

when constructing a new muffler.

6.3 Modelling

The simulation supports the claim that the silencers are inefficient by determining that

they are poorly dimensioned. The results from the measurements provide confirmation

that the models, made with the simulation tool SIDLAB, of the two existing silencers are

correct. By increasing the dimensions of that model it is determined that the main silencer

is simply too small.

A simulated implementation of a parallel resonator in the main silencer, tuned to 100

Hz, results in an alternative silencer that greatly improves sound reduction.

All in all, Mathematical modelling based on linearity and one-dimensional interaction

between the silencer elements is advantageous and gives very good results when under-

standing, analysing and simulating the silencer. The conclusion is that SIDLAB works

well and saves a lot of time by its fast modelling and easy interface.
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A Appendix
A.1 Temperature
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Figure A.1: The top image represents the exhaust gas temperatures at circular driving and

the bottom image the exhaust gas temperatures at low idle, high idle and lift.
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