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Abstract 

In this thesis the analysis of measured directional spatial impulse responses and their re-

synthesis with improved spatial image sharpness is discussed. For both the direct sound 

and early reflections, the time of arrival is determined by the detection of transients oc-

curring in the impulse responses. Several approaches are compared. Further analysis 

and re-synthesis is based on the principle of Directional Audio Coding (DirAC). In the 

analysis phase, the frequency dependent directional information of the transients and the 

diffuseness of the signals are established by means of energy calculations. The meas-

ured results are compared with a room-acoustic simulation. Furthermore, it is shown 

that the SoundField SPS200 Ambisonics B-Format microphone, used in this thesis, 

shows deviations in the direction detection of source positions due to differences in re-

cording quality. These deviations occur at higher frequencies, when half the wavelength 

of the incident sound field coincides with the distance between the microphone cap-

sules, or the sound incidence is 45°. The data obtained from the analysis is applied to 

the re-synthesis. During re-synthesis, encoding of the impulse responses in higher order 

Ambisonics is focused on particularly. The non-diffuse parts of the impulse responses 

are re-synthesized through different weighting of the Ambisonics channels, and the dif-

fuse parts are re-synthesized independently by decorrelation. Furthermore, a possible 

transfer of room acoustic properties is discussed. In addition to capturing both the 

acoustic properties of the source room and the reproduction room, additional provisions 

and assumptions need to be taken into account. 
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Kurzfassung 

In dieser Diplomarbeit wird die Analyse von messtechnisch erfassten gerichteten 

Raumimpulsantworten und deren Resynthese mit verbesserter räumlicher 

Abbildungsschärfe behandelt. Die Zeitpunkte des Eintreffens von Direktschall und den 

frühen Reflexionen in den Impulsantworten werden durch die Detektion von 

auftretenden Transienten bestimmt. Mehrere Verfahren werden miteinander verglichen. 

Die weitere Analyse und Resynthese basiert auf dem Prinzip von Directional Audio 

Coding (DirAC). Frequenzabhängig werden in der Analysephase die 

Richtungsinformationen der Transienten und die Diffusität in den Signalen durch 

energetische Berechnungen ermittelt. Die ermittelten Messergebnisse werden mit einer 

raumakustischen Simulation verglichen. Weiters wird gezeigt, dass das zur Aufnahme 

verwendete Soundfield SPS200 Ambisonics B-Format Messmikrofon Abweichungen in 

der Richtungsdetektion von Quellpositionen auf Grund unterschiedlicher 

Aufnahmequalität zeigt. Diese Abweichungen treten bei höheren Frequenzen auf, wenn 

die Hälfte der Wellenlänge des einfallenden Schallfeldes dem Abstand zwischen den 

Mikrofonkapseln ähnlich wird, oder der Schalleinfallswinkel 45° beträgt. Die gewonnen 

Messdaten aus der Analyse kommen in der Resynthese zur Anwendung. Ein besonderer 

Schwerpunkt innerhalb der Resynthese liegt in der Kodierung der Impulsantworten in 

Ambisonics höherer Ordnung. Die Nicht-Diffusanteile der Impulsantworten werden 

durch unterschiedliche Gewichtung der Ambisonics Kanäle resynthetisiert, die 

Diffusanteile unabhängig davon durch Dekorrelation. Des Weiteren wird ein möglicher 

Transfer von raumakustischen Eigenschaften diskutiert. Neben der Erfassung der 

raumakustischen Eigenschaften des zu übertragenden Raumes, als auch jene des 

Reproduktionsraumes müssen zusätzliche Vorkehrungen und Annahmen getroffen 

werden. 
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1 Introduction 

1.1 Motivation 

With regard to visual impulses, humans are limited to the frontal direction. With aural 

stimulus, it is however possible to detect and localize sources from any direction. Direc-

tional hearing plays an unobtrusive but important role in daily life. It is however also 

becoming increasingly important in the presentation and perception of music in every 

way imaginable. The ability to discriminate between incoming sound events in left-right 

direction is quite precise, but also the ability to identify whether a source is located in 

front, behind, below or above is possible. Hearing in three dimensions works well, and 

spatial properties and aspects significantly influence the pleasure of listening. The lis-

tener is able to roughly estimate the properties of the acoustic environment and can dis-

tinguish whether music is performed in a small room, a large reverberant room or even 

in an anechoic environment. 

Researching spatial analysis and spatial re-composition is motivated by practical rea-

sons. In particular, in more modern productions, with a focus on the composition of 

electronic music, integrate spatial sound design, and spatial effects are attributed to 

great importance. Sound rendering techniques such as Ambisonics (cf. [1]) have been 

shown to provide great improvements for such applications. This rendering technique 

simplifies the adaptation to various loudspeaker layouts at different event locations, by 

failing to consider any further changes to the defined sound object space-time-

trajectories. However, several realizations of such perceivable trajectories depend on the 

concrete available room acoustics. Often, compositional effects and ideas can only be 

realized with difficulty, due to the differences in room acoustics of various performance 

spaces. Special and additional rehearsals are required, which often stress the budget. In 

many situations this means that an adaptation of the desired compositional effects, to the 

environment cannot be realized. To overcome this problem a practical solution should 

be required to provide composers the ability to examine the targeted acoustic sound 

scene. 
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1.2 Aim of the Thesis 

The aim of this thesis is twofold. On the one hand spatial analysis and re-composition of 

directional room impulse responses is used to increase and improve the spatial represen-

tation of the sound field. On the other hand the same techniques can be used to transfer 

the natural room acoustics from a given event location to another room (Figure 1.1). 

 

Figure 1.1: Illustration Room Acoustics Transfer 

Both the targeted room, and the room from which the acoustic properties are to be cap-

tured must measured and analyzed. A loudspeaker array is required to render the results 

in the reproduction room. The excitation of the location where the acoustic properties 

are to be captured can be realized with a single loudspeaker, sampling the evaluated en-

closing surface at several defined positions [2]. Various different approaches on how to 

determine and extract the position of a sound source in three dimensional space, based 

on multi-channel measurements, exist already [3] [4] [5] [6]. In this thesis, the analysis 

is based on coincident measurements using a B-Format recording from a conventional 

first-order Ambisonics microphone. Directional room impulse responses are measured 

from various loudspeaker positions, characteristic of the various reproduction systems. 

In order to analyze the roomôs impulse responses, it is essential to know where the di-

rect sound and the discrete reflections occur, and where the diffuse sound prevails. In 

the case of music information retrieval, onset detection is a well known method to cha-

racterize features in audio signals (rhythm, pitch, segmentation, harmony, etc.) [7] [8] 

[9] and it is used in this thesis to detect and localize the discrete reflections signified by 

an increases of temporal focused energy. The diffuse part will be modelled by direc-

tional, frequency dependent and time-evolving acoustical energy measures. In the case 
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of (Higher Order) Ambisonics reproduction systems, the results are combined into a de-

coding procedure for reproduction and as a means to transfer these results to the acous-

tic space. 

1.3 Outline of the Thesis 

In chapter 2 the Ambisonics approach towards encoding and decoding of first-order 

Ambisonics as well as higher order Ambisonics (HOA) is discussed. The spherical 

coordinate system is established in this thesis. 

Chapter 3 provides a brief theoretical insight into the structure and function of room im-

pulse responses. Furthermore, MUMUTH and CUBE, the two analyzed rooms are pre-

sented with their geometric properties and their 3D Ambisonics sound rendering sys-

tems. The topic of coincident measurements and the procedure used for recording the 

directional room impulse responses is addressed with regard to the first-order Ambison-

ics approach. 

Chapter 4 describes the analysis phase of the directional room impulse responses rec-

orded in both rooms. This chapter gives a short introduction into Spatial Impulse Re-

sponse Rendering (SIRR) and Directional Audio Coding (DirAC) approaches, which 

are the basic approaches used in this thesis. Various onset approaches are applied and 

compared, to find relevant sound events in the individual impulse responses and hence 

direct sound and reflections. The direction of arrival is analyzed at these special events 

and the diffuseness is determined in these regions. Finally the results from the direction 

and diffuseness analysis are evaluated and presented. 

The different steps of the synthesis phase regarding the measured room impulse res-

ponses and according to the obtained analysis data are presented in chapter 5. The im-

plementation of the non-diffuse parts to a higher spatial order reproduction and the syn-

thesis of the diffuse parts via a decorrelation method are specified. Finally, an approach 

for the transfer of acoustic properties from one room to another is discussed. 
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Chapter 6 gives a summary of what has been achieved and an outlook on further im-

provements and processing. 

The whole algorithm implementation is carried out in MATLAB
1
. 

  

                                                 

1
 MATLAB is a trademark of The MathWork Inc. 
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2 Ambisonics 

The Ambisonics approach describes a multichannel system for encoding and rendering 

a 3D sound field [10] [11]. The Ambisonics approach was developed primarily by Mi-

chael Gerzon [12] and is often mentioned alongside the decomposition of sound fields 

in spherical harmonics. It provides the ability to record and reproduce a periphonic 

sound field. It is assumed that both in the recorded and in the synthesized system only 

plane waves occur and this is generally the case when the sound sources are far enough 

away from the listening position. This assumption greatly simplifies the calculations in 

the summation of the recorded sound waves from different loudspeakers at a certain 

point in the listening area, ideally in the origin of the coordinate system. In case of 3D 

the sound waves are represented in a spherical coordinate system (see section 2.1). First 

designs and implementations of Ambisonics encoding and decoding used only first-

order Ambisonics. The sound field is encoded into four channels and is known as the B-

Format. Regardless of the loudspeaker setup the spatial room information of the record-

ed sound in the Ambisonics approach is encoded together with the sound itself. In this 

case the order of Ambisonics indicates the accuracy of encoding. The higher the order, 

the more precise the direction can be determined. Both first-order Ambisonics and B-

Format respectively is described in section 2.2. Higher order Ambisonics is then dis-

cussed briefly in section 2.3. 

2.1 Spherical Coordinate System 

Throughout this thesis and for further calculation a spherical coordinate system as 

shown in Figure 2.1 is introduced for a sound field description. The origin of the coor-

dinate system is the point from which the sound field is described and analyzed. 
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Figure 2.1: Spherical Coordinate System 

Each point on a spherical surface is defined by the azimuth angle , the elevation angle 

 and the radius  in the spherical coordinate system. The transformation from spherical 

coordinates to Cartesian coordinates can be derived from 

where the azimuth angle  is defined in the range ɀ  and the elevation angle  in 

the range . The reverse transformation in the spherical coordinate system can be 

performed by the following equations 

where the two-argument  functions are provided to eliminate quadrant confusion. 

 

 (2.1) 

 

 (2.2) 
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2.2 First-Order Ambisonics 

Recording a sound field in three dimensions proves to be a demanding undertaking. 

Ideally the microphones have to be arranged coincidently for spatial recording, but it is 

not possible to place the capsules at exactly the same point. In Gerzon [13] [14] an ap-

proach to solve the geometric problem by developing a microphone with four cardioid 

microphone capsules in a tetrahedral arrangement is presented. This microphone is 

composed of four capsules, each with a cardioid directional characteristic, which lie 

very close together and are arranged on the vertices of a regular tetrahedron pointing 

outwards. A possible arrangement is shown in Figure 2.2. 

 

 

Figure 2.2: A-Format (left: Tetrahedral microphone design [15], right: Coincident cardioid 

representation in spherical harmonics [16]) 

In this arrangement, the microphone capsules are not precisely coincident, but they are 

equally non-coincident in each axisô direction. However, this will simplify the correc-

tion of the non-coincident response [16]. The recorded sound field is available in four 

channels, as required for first-order Ambisonics, the so called A-Format (LFU, LBD, 

RFD, RBU) [15]. Table 2.1 shows the orientation of the four microphone capsules. 
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Table 2.1: Capsule orientation in degrees for the A-Format first-order Ambisonics micro-

phone [16] 

Since each of the capsules has a cardioids pattern, all the recorded sound will be in 

phase. Simple calculations can be performed on these A-Format signals to transform 

them into the common B-Format signals (eq.(2.3)). 

B-Format 

Both A-Format and B-Format Ambisonics are composed of four signals. Thus a first-

order sound field representation is given, where a minimum of four channels is needed 

for a 3D reproduction. The first W-channel and thus the zero-order, refer to the omni-

directional signal and represent the pressure of the recorded sound field. To complete 

the first-order Ambisonics representation, the three other signals have a figure-of-eight 

characteristic pointing in the direction of the x, y, and z axis proportional to the sound 

particle velocity components. They are called the X-, Y- and Z-channels and contain the 

direct information of the recorded sound field according to the three spatial axes. A 

graphical illustration of these four B-Format signal responses is given in Figure 2.3. 

Capsule Azimuth Elevation 

LFU (left-front-up) 45° 35.3° 

LBD (left-back-down) 135° -35.3° 

RFD (right-front-down) -45° -35.3° 

RBU (right-back-up) -135° 35.3° 

  

 

 

 

(2.3) 
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Figure 2.3: B-Format First-Order Ambisonics Patterns (cf. [16]) 

As mentioned above, ideally, the microphones should be placed at the same position. In 

the case of B-Format recordings this is hard to realize with omni-directional and figure-

of-eight characteristic microphones. Therefore, the natural sound field is recorded in A-

Format first, and then transferred into B-Format. The corresponding calculation is given 

in eq.(2.3). These signals are however not the required output signals and are therefore 

denoted here with an apostrophe. Further filtering is obligatory. The required complex 

mathematical workings for this filtering will not be explained in more detail, because 

the SoundField microphone used for this thesis (see section 3.3) provides a software 

implementation for the conversion of the recorded A-Format into the B-Format signals. 

More detailed explanations and remarks concerning the filters can be found in [11] [15] 

[17]. Eq. (2.4) shows the simple mathematical form for the B-Format Ambisonics chan-

nels. 

 
 

 

 

 

(2.4) 

These equations are used to encode a sound source and represent the gains applied to 

the sound for the channels of the B-Format signal, where the azimuth  as well as the 

elevation  specify the direction. The weighting of the W-channel with the multiplier  
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is applied to obtain a more even signal level distribution within the Ambisonics chan-

nels [18]. 

2.3 Higher Order Ambisonics (HOA) 

Higher Order Ambisonics (HOA) is considered an extension of the first-order Ambison-

ics approach presented in the previous sections. The notation first-order suggests that 

even higher order signals can be used in Ambisonics systems. Here the sound field is 

decomposed into a series of spherical harmonics functions. A higher order entails to a 

larger sweet area and also results in a more accurate sound field reproduction at higher 

frequencies. But at the same time more loudspeakers and channels for the transmission 

and storage are required. 

The encoding and decoding process are independent of each other. Thus, portability of 

the encoded material is possible even without the knowledge of the loudspeaker layout 

in the decoding phase. With an array of an infinite amount of loudspeakers on a sphere, 

an accurate sound field reproduction can be achieved. This is however not realizable in 

real world applications. Using a finite number of loudspeakers, arranged on a spherical 

surface, a good approximation of the original sound field can be obtained for the sweet 

spot. The higher the spherical harmonics order, the more stable and more truthfully the 

sound field can be mapped spatially [19]. The encoding and decoding process are brief-

ly described in the following sections 2.3.1 and 2.3.2. 

2.3.1 Encoding 

The goal of Ambisonics is to synthesize a copy of a recorded plane wave in a different 

place [20]. This plane wave is then converted back into a real sound field by reproduc-

tion depending on the loudspeaker positions. It is necessary, during analysis, to find a 

closed description of such a plane wave, being emitted by a mono source. The encoding 

phase describes the procedure by which a mono source, including direction information, 

is described as a plane wave. 
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By writing the 3D wave equation in the spherical coordinate system (see Figure 2.1), 

and based on the spherical harmonics decomposition of the sound field, the Ambisonics 

representation is obtained. The mathematical formulation of the wave equation is shown 

in eq. (2.5), 

where  is the Laplace Operator in spherical coordinates, k the wave number with 

 and  the sound pressure. The speed of sound is . There-

fore the sound field can be written as the spherical Fourier-Bessel series [11], 

where  are the n
th
 order Bessel functions and  are the spherical harmonics 

functions, which are defined as [11] [21] 

 describes the associated Legendre functions of order n and mode m [11]. Table 2.2 

lists a small selection of the associated Legendre functions up to order  and mode 

. For each order  there are  modes. 

The spherical harmonics  form a set of orthogonal basis vectors. By the appropriate 

choice of  the orthogonal basis is normalized. To receive the ortho-normalized Lap-

lace spherical harmonics  is defined as 

with  and  and where  is the factorial. 

 

  (2.5) 

 
 (2.6) 

 (2.7) 

 

 (2.8) 
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Table 2.2: Associated Legendre Polynomials with Order n and Mode  (cf. [11] [21]) 

The ortho-normalized spherical harmonics  up to third order are shown in Figure 2.4 

and listed in Table 2.3. For each order n and mode m with , various spherical 

harmonics functions exist for both indexes  [22]. 

 

Figure 2.4: Spherical Harmonics up to Third Order (cf. [11]) 

 

n  

0  

1  

2  

3  



  20 

Table 2.3: Ortho-Normalized Laplace -Spherical Harmonics up to Third Order (cf. [21]) 

                                                 

2
 The exponent tag (SN3D) attached to the spherical harmonic functions  means that these are the 

semi-normalized encoding functions [11]. 

Order   
2

 

0   

1 

  

  

  

2 

  

  

  

  

  

3 
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Looking at the directional information of a plane wavefront at the origin, the desired 

Ambisonics channels  (eq. (2.9)) can be represented simply by multiplying the re-

ceived pressure signal  with real encoding gains of the spherical harmonics  in the 

direction  from which the source radiates the plane wave [11]. This equation de-

scribes the Ambisonics encoding process of a spatialized signal. 

Due to the complete description of the plane wave, it is possible to re-synthesize the 

original sound field with a reproducing system. The series expansion is truncated after a 

certain term because the transmission and reproduction of an infinite number of chan-

nels is not possible. The  transmission channels are determined by the Ambisonics or-

der  according to the following equation in the 3D: 

  (2.10) 

Due to the truncation of the series expansion, a loss of information occurs and the plane 

wave is not completely representable. In order to avoid reconstruction errors, the repro-

duction system should exhibit  loudspeakers. 

Combining all the achieved Ambisonics channels, the reduced Ambisonics sound field 

can be rewrite from eq. (2.9) in a vector representation 

The individual channels of the Ambisonics sound field are denoted by the letters of the 

alphabet in the following form: 

By using superposition, an Ambisonics sound field of a specific order can contain any 

number of virtual sound sources with consistent properties. By adding several Ambison-

  (2.9) 

  (2.11) 

 

 (2.12) 
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ics sound fields, each with different sound sources at arbitrary positions, the resulting 

sound field is a representation of several virtual sources. 

 

 (2.13) 

for k sound sources. 

2.3.2 Decoding 

In a further step, the described plane wave is converted back into a real sound field with 

a loudspeaker array. The encoded sound field can be reproduced in the sweet spot of the 

reproduction system by superposing a set of loudspeaker signals. This process is called 

decoding. 

The aim of an Ambisonics reproduction system is to re-synthesize the original sound 

field  as accurately as possible. The following applies: 

Accordingly, the relationship between the encoded sound field of a single source and 

the re-synthesized sound field can be written as 

where  is the signal of the l
th
 loudspeaker at direction . This can be rewritten into 

the compact matrix form as 

where  represents the loudspeaker signals with  and the decod-

ing matrix , containing the decoded loudspeaker directions , with 

  (2.14) 

 

 (2.15) 

  (2.16) 
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By reshaping eq. (2.16), the signals to drive loudspeakers can be obtained by inversion 

of the matrix . 

for , where the inverted matrix  is referred to as the decoding matrix . How-

ever generally , and thus the loudspeaker signals  are achieved by using the 

pseudo-inverse of matrix  as mentioned in eq. (2.19) 

To ensure that the contained directional information contained in the Ambisonics chan-

nels remain after decoding, the number of loudspeakers  must be greater or equal to the 

number of Ambisonics channels . 

Optimal decoding occurs when  Ambisonics signals are decoded to the  louds-

peakers (cf. [11] [19]), thus the sound field representation error is minimized. 

In general, the higher the Ambisonics order is chosen, the more accurate the reproduc-

tion and the smaller the aberrations of sound sources. In [2] and in Figure 2.5, Zotter 

shows the relationship between the Ambisonics order and the corresponding spherical 

beam-widths. In the right illustration, the characteristics of the spherical main and side 

lobes are shown according to the Ambisonics orders. It is clearly visible that the width 

of the main beam with increasing order is significantly narrower as well and thus in-

creases the sharpness of localization. In the right illustration, the corresponding main 

lobe widths of certain weighting factors of the source are shown. 

 

 (2.17) 

  (2.18) 

  (2.19) 

  (2.20) 
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Figure 2.5: Band-Limited Spherical Beam-Widths (left: characteristics of band-limited 

spherical beams, right: corresponding main lobe width) [2] 

The resolution or order of the system plays a major role in terms of localization and is 

likewise shown in [23]. Here, using the case of a 2D Ambisonics 3rd order system, it is 

shown that by weighting the orders, a stability of the localization occurs and thus the 

consistency of the reproduction should be increased. However, weighting the orders 

leads to expansion of the source which in turn leads to more localization blur. An in-

crease in the Ambisonics order would counteract this effect. [23] 

Ambisonics is a coincident recording process where, due to the physical size of micro-

phones, only limited complex microphone characteristics exist. Thus, with this method, 

the recording of real sound fields with orders greater than 1 is only possible with me-

thod with limitations (see section 3.3). However, as deduced from synthetically generat-

ed sound fields, the limit ing factors are computing power, the number of transmission 

channels and the physically loudspeakers availeable. The required number of transmis-

sion channels is derived from the realized system order. [24] 
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3 Measuring Directional Room Impulse 

Responses 

In addition to measurement and analyzes of directional room impulse responses in a 

room, one aim in this thesis is the reproduction and transfer of natural room acoustics 

from one room to another. Therefore, an acoustic measurement procedure for the trans-

fer of the acoustic properties is applied to both to the source and to the target room. As a 

concrete example the two rooms selected for the procedure are the concert hall in the 

MUMUTH (House of Music and Music Theatre) and the IEM CUBE (Institute of Elec-

tronic Music and Acoustics) at the University of Music and Performing Arts in Graz, 

Austria. In both rooms an Ambisonics 3D sound rendering system for the upper hemis-

phere is installed. An acoustic measurement procedure is applied to retrieve directional 

room impulse responses, which are measured from every single loudspeaker both in the 

source and the target room [25]. 

3.1 Room Impulse Responses 

This section gives a brief introduction to room impulse responses. Room impulse res-

ponses are closely related to spatial impressions and the perception of sound in a room 

or hall. In such environments the propagation of sound has a significant influence on the 

auditory impression. The acoustic properties can be described by many parameters. In 

[26] [27] [28] [29] several important aspects concerning the spatial impression have 

been reported and various objective descriptive parameters have been developed. In-

formation from the cited references to describe the characteristics of room impulse res-

ponses are given in the following paragraphs. 

As soon as a sound source emits a signal in an enclosed room, a sound field is created 

out of the sound waves reflected from the walls, the floor, the ceiling and the objects in 

the room. These sound waves come back from different directions, reaching certain po-

sitions in the room, such as a listener or a microphone at different times. A schematic il-



  26 

lustration of an impulse response with the different regions of direct sound, early reflec-

tions and reverberation is shown in Figure 3.1. 

 

Figure 3.1: Impulse Response Illustration. Direct sound, early reflections and reverberation 

are shown. [30] 

Firstly the direct sound from the sound source occurs, followed by the first reflections. 

After a certain time, these reflections become denser and build up, creating a reverbera-

tion. The acoustic properties of a room are defined by these components, and thus influ-

ence the way a sound is perceived. In contrast to the ambience, the direct sound is the 

first sound wave which arrives at the listening or measuring position without having 

been reflected. The arriving of the first wave front as a direct sound is important for the 

determination of direction, while the ambience is essential for the acoustic quality of a 

room. 

The early reflections have different effects on the auditory impression depending on the 

sound event. The auditory impression depends on the delay time, the intensity, and the 

directions of early reflections. The time frame in which reflections are considered to be 

early reflections varies between 50 ms and 80 ms after the direct signal, depending on 

the referenced literature, and is influenced by the size of the room. The reflections are 

important for the clarity of the sound impression as well as the perception of spacious-

ness. In particular, the first reflection plays an important role. The later it arrives after 

the direct sound the bigger the room is perceived to be. 

The late reflections occur about 150 ms after the direct sound and form the reverbera-

tion. They are responsible for the enveloping effect. The reverberation is associated with 

the diffuseness in a sound field. A diffuse field consists of an infinite amount of uncor-
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related plane waves from various directions. This means that no energy flows in any di-

rection and the active intensity is zero. 

3.2 Exponential Sine Sweep (ESS) Method 

Various methods for measuring room impulse response exist and all make use of differ-

ent excitation signals. It is important that the excitation provide sufficient energy at all 

desired frequencies, that it be deterministic and reproducible. Established excitation sig-

nals are the Maximum Length Sequence (MLS) with a pseudorandom binary sequence 

similar to white noise, the Time Delay Spectrometry (TDS) with a linear sweep and the 

Exponential Sine Sweep (ESS) with an exponential sine sweep. There are plenty of stu-

dies which deal with the advantages and disadvantages of these different methods [31] 

[32]. For the measurements of the room impulse responses in this thesis the ESS method 

according to Farina [33] [34] was selected. 

The relation between the excitation signal and hence the recorded signal is given by li-

near convolution 

where  is the excitation signal,  the room impulse response and  the convolu-

tion operator. 

The ESS excitation signal is calculated as 

with  and with the start frequency  Hz at a time  and the stop frequency 

 Hz at a time . 

To obtain the impulse response, deconvolution must be carried out, which is applied by 

means of the Fast Fourier Transformation (FFT) as follows 

  (3.1) 

  (3.2) 
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Note  is of length  and  of length , thus the resulting signal  from eq. 

(3.1) is of length  after convolution. To allow the deconvolution cal-

culation in eq. (3.3),  must be zero-padded to  samples. 

 

Figure 3.2: Exponential Sine Sweep 

The used exponential sine sweep is shown in Figure 3.2 and consists of a length  

and a frequency range from  to . 

3.3 Coincident Measurement 

To characterize the acoustics of natural rooms, basic standard measurement procedures 

such as ISO STANDARD 3382 and ISO STANDARD 18233 have been formulated. To 

measure and analyze room impulse responses with only a single undirected microphone 

is however insufficient with regard to the direct resolution of incoming sound events. 

Coincident microphone setups represent a good approach to capture sound from a single 

source in the same phase by all microphones. A coincidence measurement is obtained 

with a coincident microphone arrangement in which two or more capsules are placed as 

close to each other as possible. This has the advantage that there is no time differences 

 
 (3.3) 
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between the measurements of the different capsules. The principle here is to use level 

differences caused by directive microphones oriented in different directions for the 

acoustic source localization. As previously mentioned in section 2.2, Ambisonics B-

Format is one such option for coincident measurements. However, recording ñonlyò in 

first-order format, does not provide sufficient directional resolution results, as the direc-

tivity patterns are still too broad to record basically non-diffuse sound. The ideal case 

would be a coincident setup where the microphone orientation corresponds to the louds-

peaker configuration. One microphone for each loudspeaker, whereby only the direct 

and non-diffuse sound would be picked up and reproduced through an adequate louds-

peaker setup close to the correct directions. But the higher the number of required mi-

crophones, the higher the cost of such a microphone system and thus such an arrange-

ment can hardly be achieved. [35] 

 

Figure 3.3: SoundField SPS200 Microphone
3
 

Nevertheless, multi-channel coincident measurements are applied, to determine the lo-

cation of sound source in the 3D [25]. These provide a basis for the directional room re-

sponse measurements in this thesis and for the aim of the re-synthesis to higher order 

reproduction (see chapter 5). 

A SoundField SPS200 microphone with its multicapsule microphone unit shown in 

Figure 3.3 is used as a measuring instrument to capture the spatial impulse responses in 

this case. This microphone is composed of four capsules, each with cardioid directional 

characteristic, which lie very close together and are arranged on the vertices of a regular 

                                                 

3
 www.soundfield.com 
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tetrahedron pointing outwards (cf. Figure 2.2, left). The SoundField SPS200 micro-

phone is able to deliver a recording of the spatial impulse response in A-Format which 

can be converted, by matrixing, into the first-order Ambisonics B-Format [17] with four 

channels (see section 2.2). The W-channel represents an omni-directional channel and 

the X-, Y- and Z-channels have the directional pattern of a dipole, organized orthogo-

nally to deliver the sound information corresponding to axes in the Cartesian coordinate 

system (see section 2.1). However, several other arrangements providing the possibility 

to determine the spherical harmonics representation at the origin are adequate [36] [37]. 

3.4 MUMUTH 

The first room to be analyzed, the source room, where the directional room impulse res-

ponses are captured is the concert hall in the MUMUTH. An Ambisonics 3D sound ren-

dering system equipped with 29 loudspeakers is installed in the concert hall with the 

room dimensions from approximately 32x17x11 m
3
. The appropriate layout is visua-

lized in a simple shoe box model in Figure 3.4. 

 

Figure 3.4: Loudspeaker Layout in the MUMUTH. A simple shoe box model of the concert 

hall showing the 29 installed loudspeakers from the Ambisonics reproduction system. 

The coordinates of the 29 loudspeakers at the moment the impulse response measure-

ments are carried out, can be taken from Table 3.1. The positions are denoted by Carte-

sian coordinates and spherical coordinates. During the measurements, the SoundField 
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microphone was located at a height of 1,2 meters at the center of the hall and the louds-

peakers were directed towards to the sweet spot. Thus the position of the microphone 

with the center of the loudspeaker arrangement coincide. 

 

Table 3.1: Loudspeaker Positions in Cartesian and Spherical Coordinates, MUMUTH 

Table 3.1 ranks the loudspeakers according to their arrangement. The setup is divided 

into three rigs at different heights plus one loudspeaker in the center, located exactly 

above the microphone. This loudspeaker is denoted as number one, followed by the up-

per rig with six loudspeakers, then the middle rig with ten loudspeakers and finally the 

lower rig with twelve loudspeakers. The positions are given in Cartesian and spherical 

coordinates. Note, the z-coordinates without the * are the distance from the ground and 

the z-coordinates marked with the * are the distance from the microphone position, 1,2 

meters above the ground. 

  Cartesian Coordinates Spherical Coordinates 

Rig 

Loud-

speaker 

Number 

x[m]  y[m]  z[m] z*[m]  
Elevation 

ű [°] 

Azimuth 

ɗ [°] 

upper center 1 0,000 0,000 7,000 5,800 89,3 - 

upper 2 -0,358 -2,674 6,594 5,394 63,4 -99,0 

 3 2,910 -1,875 7,000 5,800 60,5 -33,9 

 4 3,067 1,258 6,747 5,547 59,1 22,8 

 5 0,258 2,674 6,594 5,394 63,5 85,5 

 6 -2,910 1,875 7,000 5,800 60,5 147,9 

 7 -3,067 -1,258 6,747 5,547 59,2 -157,9 

middle 8 -3,233 -6,239 6,500 5,300 35,2 -117,7 

 9 1,753 -6,588 6,500 5,300 36,0 -75,1 

 10 6,298 -5,258 6,758 5,558 33,5 -38,2 

 11 6,825 -0,832 6,198 4,998 36,0 -7,1 

 12 6,298 3,363 5,885 4,685 32,5 26,5 

 13 3,233 6,239 6,500 5,300 35,2 62,9 

 14 -1,753 6,588 6,500 5,300 36,0 105,3 

 15 -6,548 5,258 6,758 5,558 33,5 141,6 

 16 -6,825 0,832 6,198 4,998 36,0 173,1 

 17 -6,548 -3,363 5,885 4,685 32,5 -152,7 

lower 18 -4,738 -6,675 3,265 2,065 8,0 -125,4 

 19 -0,389 -6,675 3,418 2,218 8,0 -93,7 

 20 3,381 -6,675 3,015 1,815 8,0 -63,5 

 21 10,125 -5,258 3,165 1,965 8,0 -27,7 

 22 11,400 0,000 3,181 1,981 8,0 -0,1 

 23 10,125 5,258 2,362 1,162 8,0 27,4 

 24 4,738 6,675 3,265 2,065 8,0 54,5 

 25 0,389 6,675 3,418 2,218 8,0 87,0 

 26 -3,381 6,675 3,015 1,815 8,0 117,5 

 27 -10,125 5,258 3,165 1,965 8,0 152,7 

 28 -11,400 0,000 3,181 1,981 8,0 -180,0 

 29 -10,125 -5,258 2,362 1,162 8,0 -152,6 
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Figure 3.5: B-Format Room Impulse Responses after Deconvolution, Loudspeaker Number 

1, MUMUTH. (first: W-channel, second: X-channel, third: Y-channel, fourth: Z-channel) 

To obtain the acoustic properties of the room, the spatial impulse responses from each 

loudspeaker was measured. The exponential sine sweep method mentioned in section 

3.2 was chosen and the excitation signal used is shown in Figure 3.2. The resulting sig-

nal, which was recorded at the measuring point, represents the sweep that was played, 

convolved with the impulse response of the hall. To determine the impulse responses, 

the measured sound pressure distributions were deconvolved with the known excitation 

signal in frequency domain. Figure 3.5 shows an example of the recorded room impulse 

response in Ambisonics B-Format from the loudspeaker number 1 in the MUMUTH. In 

the first illustration, the W-signal followed by the X-, Y- and Z-signals for approximate-

ly the first 200 ms is plotted. Taking the different scaling of the amplitudes into account, 

one can see that the most of the energy is found in the first sound event and thus the di-

rect sound at the Z-channel. This is obviously due to the fact that the loudspeaker posi-

tion is exactly above the microphone. 
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3.5 CUBE 

The second room, the reproduction room where the acoustic properties from the MU-

MUTH are to be transferred to, must be measured and analyzed. The CUBE is a me-

dium-sized concert hall used mainly for the reproduction of electro-acoustic music [38]. 

The room is approximately 10x11x5 m
3
 and is equipped with an Ambisonics 3D sound 

rendering system consisting of 24 loudspeaker. The appropriate layout is visualized in a 

simple shoe box model in Figure 3.6. 

 

Figure 3.6: Loudspeaker Layout in the CUBE. A simple shoe box model of the medium-

sized concert hall showing the 24 installed loudspeakers from the Ambisonics reproduction 

system. 

Again the single positions of the 24 loudspeakers are listed in Table 3.2 in Cartesian and 

spherical coordinates. The 24 loudspeakers are arranged in three rigs where the lower 

rig consists of twelve loudspeakers, the middle rig of eight and the upper rig consists of 

four loudspeakers. The z-coordinates in the table denoted with the * are the distance 

from the microphone position 1,2 meters above the ground during the measurements. 
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Table 3.2: Loudspeaker Positions in Cartesian and Spherical Coordinates, CUBE 

 

Figure 3.7: B-Format Room Impulse Responses after Deconvolution, Loudspeaker Number 

1, CUBE. (first: W-channel, second: X-channel, third: Y-channel, fourth: Z-channel) 

  Cartesian Coordinates Spherical Coordinates 

Rig 
Loudspeaker 

Number 
x[m]  y[m]  z[m] z*[m]  

Elevation 

ű [Á] 

Azimuth 

ɗ [Á] 

lower 1 4,635 0,000 1,341 0,141 1,7 0,0 

 2 4,600 2,023 1,381 0,181 2,1 -23,7 

 3 4,113 4,596 1,401 0,201 1,9 -48,2 

 4 1,574 5,028 1,405 0,205 2,2 -72,6 

 5 -1,289 5,553 1,406 0,206 2,1 -103,1 

 6 -4,376 3,873 1,358 0,158 1,5 -138,5 

 7 -4,636 0,016 1,371 0,171 2,1 -179,8 

 8 -4,331 -3,860 1,353 0,153 1,5 138,3 

 9 -1,068 -5,533 1,400 0,200 2,0 100,9 

 10 1,821 -4,943 1,376 0,176 1,9 69,8 

 11 4,481 -4,456 1,387 0,187 1,7 44,8 

 12 4,711 -1,850 1,385 0,185 2,1 21,4 

middle 13 4,230 1,766 3,828 2,628 29,8 -22,7 

 14 1,806 4,441 3,938 2,738 29,7 -67,9 

 15 -2,189 4,873 4,173 2,973 29,1 -114,2 

 16 -3,624 1,476 3,478 2,278 30,2 -157,8 

 17 -3,602 -1,577 3,493 2,293 30,2 156,4 

 18 -2,055 -4,782 4,160 2,960 29,6 113,3 

 19 1,925 -4,210 3,854 2,654 29,8 65,4 

 20 4,223 -1,767 3,771 2,571 29,3 22,7 

upper 21 1,368 1,456 4,423 3,223 58,2 -46,8 

 22 -1,252 1,324 4,153 2,953 58,3 -133,4 

 23 -1,267 -1,342 4,142 2,942 57,9 133,4 

 24 1,399 -1,325 4,392 3,192 58,9 43,4 
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The same impulse response measurement technique as was used in the MUMUTH was 

applied. Figure 3.7 shows an example of the measured B-Format room impulse response 

from the loudspeaker number 1 in the CUBE. This loudspeaker is positioned per defini-

tion in alignment with the x-axis. Once again when the different scaling of the ampli-

tudes is taken into account, one can see that the X-channel exhibits the most energy of 

the direct sound measured. For further analysis of the directions of incoming sounds see 

section 4.3. 

  



  36 

4 Analysis Phase 

4.1 Directional Audio Coding / Spatial Impulse Re-

sponse Rendering 

Spatial Impulse Response Rendering (SIRR) [39] [40] and Directional Audio Coding 

(DirAC) [3] [37] [41] gives an insight into the recent techniques for the reproduction 

and transfer of natural room acoustics with a multichannel loudspeaker system. The spa-

tial perception of human hearing is determined by the direction of arrival, the diffuse-

ness and the spectral and temporal properties of the sound field [42]. The Dirac ap-

proach takes these aspects into account and is based on an energy analysis of the sound 

field and is a well-proved technique in spatial sound reproduction [5] [36]. 

The DirAC process is divided into two parts. First, in an analysis phase, the direction of 

arrival and the diffuseness of a sound field are estimated in auditory frequency bands as 

a function of time, measured at a single point. The resulting metadata of the analyzed 

room is transmitted as an additional information together with one or more audio chan-

nels for a reproduction and re-synthesis of the sound field. This data can then used in 

another room with a multichannel loudspeaker system for example. Second, in the fol-

lowing synthesis phase the recorded sound is split up in two parts, the non-diffuse 

stream and the diffuse stream. The non-diffuse stream contains directional information 

of the incident sound and is used to create point-like virtual sources. The diffuse part 

consists of the diffuse sound or possible noise in the measured place and is synthesized 

by decorrelation. 

The SIRR technique discussed in [39] [40] follows mainly the same methodology and is 

based on DirAC. Whereas the DirAC approach is particularly construed to analyze and 

re-compose high quality applications such as music reproduction, the SIRR approach is 

especially scaled for the analysis and reproduction of spatial impulse responses charac-

teristic to short transient sound events. The signals are also subjected to a time-

frequency analysis in order to retrieve information of the direction of arrival and the dif-
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fuseness of sound. This is followed the extraction of spatial multichannel impulse res-

ponses, which can be tailored to any loudspeaker systems by means of synthesis. SIRR 

is primarily a technique to reproduce such room impulse responses for convolving re-

verberators. However, there is a great similarity between the two methods mentioned 

above. 

Based on the SIRR method the following sections of chapter 4 describe the analysis 

phase and chapter 5 the synthesis phase from the measured directional spatial room res-

ponses in the MUMUTH and the CUBE (see section 3.4 and section 3.5). 

The flow chart in Figure 4.1 displays a general overview of the performed steps in this 

analysis phase. 

 

Figure 4.1: Flow Chart of the Analysis Phase. A time-frequency analysis of the directional 

impulse responses recorded in B-Format is performed, followed by an energy analysis to 

obtain the required metadata for the synthesis phase. 

First of all, the measured directional room impulse responses, presented in Ambisonics 

B-Format, go through time-frequency processing. The sound pressure and particle ve-

locity measured at one single point of the sound field is needed as a function of time and 

frequency. Transients and thus the arrival of direct sound and its reflections are located 

in the impulse responses using an onset detection procedure. Several approaches were 

reviewed with regard to the efficiency and usefulness in this specific case and the most 

appropriate method is selected. The implementation is described in section 4.2 and its 

corresponding subsections. Based on the equivalent rectangular bandwidth (ERB) scale, 

all microphone signals are divided into frequency bands for analysis, which is explained 

in section 4.3.2. Following this, the conditions for obtaining the direction of arrival of 



  38 

the incident sound events and the diffuseness of the sound field via an energy analysis 

can be designed. The directional analysis and the diffuseness analysis with the results 

are shown in the sections 4.3 and 4.4. The collected information and metadata (onsets, 

the angles azimuth and elevation and the diffuseness parameters) are required for the 

following spatial re-synthesis process in chapter 5. All processes described in the fol-

lowing steps are performed on all spatial impulse responses measured from every 

loudspeaker in the MUMUTH and the CUBE (see section 3.4 and section 3.5). 

4.2 Onset Detection 

Onset detection is used to detect the beginning of discrete events in acoustical signals 

[7]. In this case the short transient events in the spherical harmonics representation res-

ponses must be detected. Figure 4.2 depicts the definition of onset, transient and attack. 

An onset is defined as the point in time, where a significant change happens in the sig-

nal characteristics. This point occurs at the beginning of an event or a transient. The at-

tack refers to the time period in which the amplitude envelope increases, while the tran-

sient refers to short intervals in which the signal evolves quickly in a non-trivial and un-

predictable way. 

 

Figure 4.2: Onset Illustration [7] 
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Figure 4.3: Onset Detection Procedure [7] 

The general structure of the onset detection procedure is shown in Figure 4.3. In an op-

tional pre-processing step it is possible to accentuate important aspects of the original 

signal for further analysis. The signal is transformed into the so called detection func-

tion, an intermediate representation of the signal itself in which the following peak-

picking algorithm locates the most likely onset candidates. 

In this thesis the direct sound and the reflections from the measured spatial room res-

ponses are determined by an onset analysis of the undirected W-channel for each louds-

peaker. Several onset approaches (see section 4.2.2) were applied and evaluated to get 

an appropriate method for detecting the short transient events in the room impulse res-

ponses. 

 

Figure 4.4: Implemented Onset Detection Procedure 
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The implemented onset detection process is shown in the flowchart in Figure 4.4. As a 

first step the measured W-channel is pre-processed (see section 4.2.1) and prepared for 

calculating the detection function in the actual onset detection procedure. The process to 

receive a suitable representation of the detection function depends on several factors and 

variables. These variables can vary from method to method and must be carefully set by 

hand. The exact settings in the different implemented onset detection methods for ob-

taining an appropriate detection function of the signal are discussed in the correspond-

ing subsections to section 4.2.2. The peak-picking algorithm described in section 4.2.3 

chooses the peaks according to the local maxima of the detection functions that are most 

likely to be onset events. Finally incorrectly detected onsets will be removed (see sec-

tion 4.2.4) to get the correct onset positions for further analysis and synthesis of the 

room impulse responses. 

4.2.1 Pre-Processing 

 

Figure 4.5: Pre-Processing for Onset Detection 

In a general pre-processing phase (Figure 4.5) the loaded B-Format signals are filtered 

with an ordinary 2
nd

-order Chebyshev band-pass filter with a low cut-off frequency of 

50 Hz and a high cut-off frequency of 4 kHz. Only approximately the first 200 ms of the 

measured impulse responses are used in the further calculations during this analysis 

phase (cf. Figure 3.5 and Figure 3.7). In both the MUMUTH and CUBE, no significant 

singular detectable reflections will occur after this period and thus the impulse response 

after 200 ms is irrelevant for the calculation of onset events. Thereafter, the omni-direct 

W-channel will be zero-padded to ensure correct onset detection at the start and the end, 

before dividing it into time frames for the following STFT
4
 (Short-Time Fourier Trans-

form) computation. The time resolution must be kept very small in order to detect tran-

                                                 

4
 Note that for the time domain approach (cf. section 4.2.2.1) no STFT computation is needed in the pre-

processing phase. 






































































































































