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A sound sketch approach based on transfer path analysis and auralization is defined. The 
methodology is applied in the design of a sound environment of a high speed train. The 
method is based on simultaneous multi channel measurements to determine transfer path 
and to capture time traces of source signals. Transfer functions are determined both by test 
and simulation.  Transfer functions between a receiver position and “known” sound source 
positions are determined reciprocally. The connection between the source signal input and 
the panel contributions inside the train compartment is defined both directly and 
indirectly. Source signals are recorded simultaneously and corrected in relation to the 
expected contribution to the total sound power and sound character. All corrected signals 
are fed through defined filters or act as source signals in an auralization model. In both 
cases, the total sum of all partial signals is calibrated in a two step procedure, which 
involves subjective calibration. The results show the potential of the suggested procedure to 
evaluate different acoustic solutions in the design stage of a train compartment. 
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1 INTRODUCTION 

 
A good sound environment is of great importance when developing a new vehicle design. 

The methodology and result in this paper steam from the interest in developing a methodology to 
enhance the product sound in the design stage. The aim is to refine a described sketch like 
auralization procedure [1-3]. The sound sketch methodology has been applied in a research 



project regarding the design of the future sound environment in a high speed train. The project is 
financed by Knowledge Foundation, ÅForsk and Bombardier Transportation.  

ÅF Sound & Vibration has been responsible for two parts of the project. The first part 
comprised a simulation of the interior sound of a high speed train in a so-called mock-up at the 
Inno Trans Exhibition 2010 in Berlin. In the mock-up, the sound environment of a proposed 
high-speed train was recreated with respect to a number of adjustable design features. The sound 
environment was simulated using simultaneously recorded audio signals from an experimental 
train (Green Train). 

This paper describes the procedure related to the objective to further develop and validate a 
sketch like auralization procedure for the early design stage. The idea is to compute and auralize 
the effects of different design changes on the acoustic environment inside a train compartment. 
The goal is to generate a useful auralization model for evaluation of spectral, temporal and 
spatial characteristics of the perceived sound signal. The model will be used to analyze and 
auralize the effect of various design changes of the acoustic environment. A specific interest is to 
reduce the audibility of conversations across the cabin space, defined as an increase of privacy. 
The results reported are a better defined method and a qualitative evaluation of the auralization 
results. 

 
2 THEORETICAL BACKGROUND  
 

The sketch like auralization methodology can be subdivided in two phases similar to a 
transfer path analysis (TPA), see Figure 1. First, the transfer path from typical source input 
positions to panel vibration encapsulating the enclosed cabin are defined. Second, the transfer 
path between radiating panels to driver and passenger positions are defined. Knowledge of the 
input source signals makes it possible to predict the effect on the sound pressure level due to 
design changes of source signals and/or the transfer paths. Step 1 of TPA typically defines the 
ratio between force input and vibration velocity. Step 2 of TPA defines the ratio between 
pressure and volume velocities. Both these ratios are reciprocal, which means that the transfer 
functions between input and output could be defined both directly and indirectly. The indirect 
approach has some proven benefits and is often used in practical applications, denoted as 
reciprocal measurements och inverse acoustics [4].  

However, the sound sketch methodology relies on simplified source signals and transfer path, 
maintaining typical characteristics and reasonably correct source strength definitions. The focus 
is on the perception of the total sound in a reference position, which to some extent is 
subjectively calibrated with reference to a binaural reference signal. The methodology and 
procedure is summarized as follows: 

 
• Define a number of typical source signals (5-7) 
• Define the inlet positions of source signal to the cabin – TPA 1 
• Record representative source signals and a binaural reference simultaneously 
• Adjust the sonic characteristics of the source time signals (character)  
• Determine transfer functions between source positions and receiver positions using 

reciprocal measurements and acoustic ray trace modeling – TPA 2 
• Model source spatial distribution and source contributions - Auralization 
• Adjust the acoustic model globally regarding its reverberation time 
• Calibrate the model subjectively by comparison to the binaural reference recording 
• Calibrate the model regarding sonic qualities defined by psychoacoustic metrics  



3 METHOD AND PROCEDURES 
 
3.1. Basis for modeling 
 
The acoustic modeling is based on ray tracing technology (ODEON) which is considered 
appropriate for this type of work. The software has a built-in interface that makes it easy to 
merge multiple sources and blend them, to auralize the total sound. Source management is also 
convenient. The generation of the auralization model requires the following operations:  

1) Model the geometry of the train compartment by CAD or Google Sketch-up. Define all 
surfaces which have an effect on absorption, reflection, transmission and scattering, trying to 
keep the geometrical resolution as simple as possible to reduce computation and update times.  

2) Import the geometrical model into the ray tracing software. 
3) Define all surfaces with respect to absorption (reflection), transmission and scattering. 
4) Determine sources positions, strength, directivity and its distribution in the passenger 

compartment consistent with dominating transfer paths for different types of source signals. 
5) Define and adjust source signals from synchronously recorded microphone or 

accelerometer signals in positions related to the dominant radiating surfaces of the cabin. The 
microphone recorded signals are influenced by modal and room acoustic effects, which have a 
negative effect on cross talk but a positive aspect, related to the inclusion of room mode effects.  

6) Calculate the global reverberation time in the passenger compartment. Calculated results 
are compared to measured values of a reference compartment. Finally, absorption and scattering 
values are corrected until the calculated and measured values are matched. 

7) Determine the transfer functions between source positions and receiver position by the 
ray trace calculations. Transfer functions are converted to impulse response functions. 

8) Convolve the recorded and adjusted source signals for each source position by the 
corresponding impulse response function. All different signals are summed up to a binaural 
sound (suited for listening with headphones) in the reference position. 

9)  Finally the summed up audio file is corrected (equalized) in terms of adjusting the 
frequency response in comparison to artificial head signal, recorded in one or more reference 
positions. This is first made as level corrections in frequency domain and finally adjusted and 
verified subjectively. 

 
3.2 Source positions and characterization 
 

Inside a train cabin typical source signals enter the train carbine indirectly as sound radiation 
from vibrating panels. A source position is defined by the area which is the dominant radiating 
surface for a certain type of signal. The most typical source signals are identified and positioned 
in the most realistic positions regarding time varying sounds. Typical sources in a train cabin 
include the following source signals and positions:  

• Sound from the floor  
o Wheel/rail interaction, enter the cabin panel vibrations induced by structure-borne 

sound, as well as direct transmission through the window 
o Engine / transmission (Modeled as sources at the attachment points of the boogie) 

• Noise from ceiling 
o Ventilation noise (considered as 6 points in the ceiling) 
o Electrical components in the roof construction, defined as a single point in the 

ceiling 
o Information System (via the existing speaker locations) 



• External Sound from windows  
o Wheel/Rail interaction 
o Turbulent noise  

• Sound from the vestibule 
o Sound of doors opening  

• Noise from walls  
• Other sources like cell phone calls from fellow passengers 
• Diffuse background noise 

 
Convincing auralizations requires a simultaneous recording of all source signals during a 

typical ride sequence. In this case the multi-channel recording was performed in a prototype high 
speed train capturing different source signals by near field microphones or accelerometers. To 
enhance certain source characteristics the recorded audio signals were smoothed and some 
effects of cross-talk were attenuated. 
 
3.3 Calibration and modal effects 
 

Parallel with near field multi-channel recordings a binaural recording was made at a 
reference position using an artificial head (Head Acoustics HMS III). The frequency response of 
measured signals has been used as reference for calibration the auralization signal. 

One disadvantage of ray tracing modeling is a lack of capturing the effect of modal 
phenomena of the room (resonance amplification). In practice this means that low frequencies 
are not reproduced correctly which can lead to an incorrect spectral balance. How much this 
affects the auralization and how to deal with it in practice is a key issue of the project. Could 
auralizations be improved by adjusting the low-frequency response with respect to the measured 
impulse response functions of the source receiver transfer functions? Below the calculated 
Schroeder cut-off frequency the auralized low frequency content may require corrections since 
the room response lack detail regarding modal effects. However, the effects of the room modes 
are limited since the loss factor in a train compartment is high in comparison to a room with rigid 
and parallel surfaces. The fundamental room modes are found at: 23, 57, 62, 80, 83, 98, 101 Hz. 
The Schroeder frequency f0 = 188 Hz related to the volume of 51 m3 and the reverberation time 
T60 = 0.45 s (average of the octave bands 125 and 250 Hz).  
 
4 RESULTS 
 

The sources in the auralization model are denoted as p0 to p12. The binaural receiver 
position is marked with index 2. The calculation was performed assuming that there are no 
people in the wagon. The used geometry models are shown in Figures 2 and 3. Two different 
examples of how the source signals are distributed are shown in Figures 4 to 5. 

 
4.1 Calibration of the room response 
 

The amount of absorption was adjusted similar to the measured results in a Regina 1st-class 
compartment. Absorption coefficients of interior materials were adjusted until the calculated and 
measured reverberation times were consistent. The input data for the absorption coefficients 
were taken from the Odeon library and ÅF's own database for tiles. 



 
4.2 Equalization of the auralized sound 
 

The first auralization results did not match the reference artificial head recording. The 
frequency response was slightly different, which was expected and corrected by equalization of 
the auralized binaural signal in comparison to the binaural artificial head recording. Equalization 
is made as a level correction of the signal using a parametric EQ, but also by a subjective 
calibration procedure. The final correction was established by comparison with many different 
sections of the recorded sequence. The conclusion is that a subjective equalization is necessary to 
give a realistic result. The values of the correction filter curve in Figure 6, is related to an 
auralization using the simple geometry model. Note that the attenuation at high frequencies to 
some extent is related to noisy signals. 

From an experimental perspective subjective calibration was enough to give the model a 
credible result. A detailed analysis of the frequency response of the auralized signals (up to 200 
Hz) discovered a level difference between left and right compared to the binaural reference. This 
is likely due to modal effects and can be adjusted. 

 
4.3 Calculation times and perceived differences 
 

The performance of the method is evaluated with regard to calculation time and the quality 
of the auralization (evaluated by listening tests). In this comparison a normal laptop (DELL 
latitude, CPU 2 x 2,533 GHZ, 4 GB RAM) has been used. Table 2 shows the calculation times 
needed to generate audio files related to one receiver position and 12 source signals. 

The outcome of the best possible auralization in the reference listening position is perceived 
as comparable to the binaurally recorded reference signal. It is possible to clearly hear and detect 
the spatial distribution of the sound signals and get a decent sense of space. However, it is 
evident that the multichannel recording has more background noise and that the auralized sound 
signal is perceived attenuated in the midrange. This is probably related to the boost of low 
frequency in of the near field recordings. The listening tests confirmed that the perceived 
spaciousness and spatial detail improved with longer impulse responses. No difference was 
detected between case B and C. The settings of Case B are a good compromise between quality 
and calculation time. 
 
4.4 Model complexity and subjective impression 
 

The differences regarding the number of source signals indicate that more sources enhance 
the sense of being in the compartment. This applies particularly to auralizations carried out with 
short computation times and a simple geometric model. 

The comparison of complex and simple geometry model showed a difference in both 
frequency responses and auralizations. The general trend is that more rays reduce the pronounced 
high frequency response. The same trend is found when increasing the geometry’s complexity. 
The second point is that each source receiver signal was slightly adjusted to match a specific 
characteristic. Comparison of two models of different complexity, 160 surfaces compared to 
2013 surfaces, showed that the more complex model gave a less synthetic sound and a more 
authentic reproduction of the rhythm of the train sound.  
 
 
 



5 DISCUSSION 
 

The outcomes of the auralization of the sound of a high speed train compartment have been 
studied with different degrees of detail. Generally, the computing time increases with increased 
surface area and geometric complexity in the room acoustic modeling. Typical design changes 
regarding source signals, absorption, reflection, and scattering has an audible effect on the 
acoustic quality. The validation of the model refers to the ability to hear the effect of different 
measures. Since all the acoustic changes are audible, the model can also be used to verify the 
effects of changes of other design parameters that affect the source signals.  

The quality of the sound signals used in auralization is a critical part of the final result. For 
auralization applications anechoic recorded signals are normally used as source signals. In this 
project near field recordings close to important surfaces in the specific sound environment has 
been used with good results. Near field recordings has the benefit of capturing modal effects. 
The unwanted cross talk effects have been filtered out, and the source strength has been 
corrected. However, using accelerometers to record the panel vibrations (high sensitivity and 
high resonance frequency is required) reduces the effect of cross talk. Acceleration time signals 
also give slightly better balance between low frequency and high frequency regarding source 
strength which is linked to the tradeoff between the frequency dependence of vibration velocity 
and radiation efficiency. 

For individual listening positions, the number of sources can be reduced; sometimes it might 
me enough to only use the sources closest to the listener. Since the calculations of the model is 
fairly rapid it is viable to use all sources at once, which allows for listening in other positions. 
The auralizations described are generally related to an increased room absorption area compared 
to reality, especially in the high frequency range. This might be the reason why the frequency 
response changes and the sound felt "dull" and can to some extent be adjusted by increasing the 
coefficients regarding scattering in the auralization model, or the directivity regarding 
absorptions coefficients. 

It would be preferred to use a multi-channel system with speakers in the playback situation. 
In this way, a more stable sense of direction and space can be experienced. However, this put 
high demands on listening environment, speaker quality and the listening position. In this project 
all tests are performed using headphones. It should be noted that the ray-tracing software allows 
multi-channel playback of different formats.  

 
6 SUMMARY 
 

The auralization methodology described should be regarded as a “sound sketch”, generating 
audible results good enough to evaluate the effect of changing a number of acoustical design 
parameters. A possible improvement of the results requires a more detailed investigation of the 
acoustical characteristics and more complex models of the sound sources. However, constructing 
a complex geometrical model is time consuming. The basic principle for acoustic modeling is to 
keep the degree of detail as low as possible to save computational time. In this project, two 
models of the same railway compartment, with different degrees of detail, were evaluated. One 
of the models had a lower level of detail defined by 160 reflecting surfaces. The alternative 
model was defined by a total of 2013 reflecting surfaces. The complexity of the modeling was 
also varied by the number of rays and the length of the impulse responses. With the greater 
precision the modeling time increases, however, still within acceptable limits. The conclusion is 
than an increased complexity to a certain degree improves the subjective impression.  



Near field recordings of source signals transmitted as panel vibrations can be used as source 
signals in an auralization model. The results of the auralization are capable to describe changes 
of acoustical design parameters in a cabin space. A benefit of using near field recordings are that 
some of the modal aspects in the low frequency range, normally not correctly represented in a 
ray tracing model, is captured in the recorded source signals which probably is the reason for the 
overall good result. If source signals are represented by acceleration recordings, which do have 
some benefits, it is necessary to correct the results regarding modal interference below the 
Schröder frequency. Whatever method used to capture source signals, the source strength and 
characteristics needs to be calibrated individually. Another important aspect of creating natural 
 auralizations is linked to a synchronously recording of the sound source signals in a non-
stationary driving situation. The natural time variation from a non stationary situation is 
necessary to create a feeling of being inside a train. Finally it is important to equalize the 
summed up signal with regard to a binaural recording and mental reference, since a general 
problem of auralizations is the feeling of a hissed upper frequency. The “hissy” sound is related 
to the difficulty in suppressing background noise in the range of 1kHz to 8 kHz, which to some 
extent is related to misalignment between the HRTF:s of the listeners and the used binaural 
model.  
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Table 1 Comparison of measured and calculated reverberation times 

 
Frequency Measured T (s) Calculated T (s) 
125 Hz 0.6 0.5 
250 Hz 0.3 0.4 
500 Hz 0.4 0.4 
1 kHz 0.5 0.4 
2 kHz 0.4 0.4 
4 kHz 0.3 0.4 

 



Table 2 Calculation times in relation to number of rays and impulse response time  
 

Case Number of jets Impulse response length Computational time 
A 1000 1000 ms 3 min 
B 1000 3000 ms 5 min 
C 3000 5000 ms 8 min 

 
 

 
Fig. 1 – Basic principal for Transfer Path Analysis used in Automotive NVH 
 

 
 

Fig. 2 - Basic geometry model for auralization. 
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Fig. 3 a and b - complex geometry model for auralization 
 

 
 



 

 
 
Fig. 4 – Sound field distribution at 125 Hz. 

 

 
Fig. 5 – Sound field distribution at 250 Hz. 
 

 
Fig. 6 - Equalization filter for the auralized signal. 
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