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Abstract 

A prototype 2D surround sound system was developed to investigate the use of higher order 

loudspeakers and active compensation to both eliminate unwanted reflections and to improve 

spatial accuracy in semi-reverberant rooms. The loudspeakers, and the calibration 

microphone, were cylindrical designs as these are lower cost than spherical designs and better 

suited to 2D reproduction. This paper presents the cylindrical coordinate based theory for the 

calibration of the system, a description of the transducers and processing system, and 

experimental results obtained using a sound reproduction system consisting of five third-

order loudspeakers. Approximately anechoic reproduction is achieved over a radius 

exceeding 90 mm and over a frequency range up to 8 kHz. 
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0 Introduction 

Surround sound systems aim to reproduce a desired sound field within an array of 

loudspeakers [1]. These systems typically aim to reproduce an exact sound field over a finite 

region. An alternative is the perceptual approach in which only those cues which are 

important for creating a correct perception of the desired field are recorded and reproduced. 

[2]–[4].  

The theory of exact sound field reproduction is typically based on the discrete approximation 

of the Kirchhoff Helmholtz integral equation, leading to the Wave Field Synthesis approach 

[5]–[7], or on cylindrical and spherical harmonic solutions to the wave equation, which lead 

to the higher order Ambisonics (HOA) approach [8]–[11]. The cylindrical description is in its 

general form applicable to the 3D case [12][13], but is typically simplified to sound fields 

reproduced in the horizontal plane [10].  

There are two main limitations which affect the ability of surround systems to reproduce a 

desired sound field [14]. The use of a finite array of loudspeakers means that sound field 

reproduction is only possible up to a finite frequency governed by the spacing between the 

loudspeakers. When the loudspeakers are more than half a wavelength apart, spatial aliasing 

can occur, which produces differing forms of artefacts in WFS and Ambisonics [1], [15]. The 

frequency at which a linear or rectangular array of loudspeakers are half a wavelength apart is 

commonly termed the spatial Nyquist frequency of the array in the literature, in analogy with 

the sampling of continuous time signals [16]–[20]. Since surround sound typically entails 

sampling on a circle, for which equivalent theory exists, [21]–[23], the term is also applicable 

to surround systems.  

The bandwidth limitations of surround sound systems based on the Ambisonics approach 

have been discussed in [14] and [24]. For example, reproduction of a 2D sound field over a 
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0.1 metre radius at frequencies up to 8 kHz requires the use of an array of at least 31 

monopole sources. Reproduction of a 3D field over the same radius and bandwidth requires 

at least 250 monopole sources in a 3D array. For a circular array of 5 loudspeakers, as 

typically used in the home, the maximum frequency of holographic reproduction of 2D fields 

over a 0.1 metre radius is 1 kHz. At higher frequencies, various perceptual modifications are 

used to control artefacts that would be introduced by the application of the ideal low-

frequency theory [25]–[29].  

A second significant limitation is the effects of reflections of the loudspeaker sound from 

room surfaces and subsequent reverberation. While early reflections tend to produce an 

increase in apparent source width which produces a subjectively positive impression in 

concert halls [30][31], such effects are not desirable in a sound reproduction system whose 

goal is to faithfully recreate an existing ASW. Typically the short early reflections in the 

home will mask longer reflections from a larger space, giving a reduced impression of room 

size. Similarly, reverberation in a home situation tends to degrade the reproduction of the 

longer RT of a concert hall.  

An alternative view of sound reproduction in the home is that the room provides additional 

ambience which can be subjectively beneficial. For example, omnidirectional speakers are 

preferred for stereo reproduction as they tend to provide early reflections which enhance 

stereo reproduction [32]. However, a surround system which is free from room reflections, 

and which has sufficient spatial resolution, can synthesise any desired early reflection 

sequence, giving greater control of subjective preference than can be provided by an 

individual room. 

 1 
 2 
 3 
 4 
 5 
 6 
 7 
 8 
 9 
10 
11 
12 
13 
14 
15 
16 
17 
18 
19 
20 
21 
22 
23 
24 
25 
26 
27 
28 
29 
30 
31 
32 
33 
34 
35 
36 
37 
38 
39 
40 
41 
42 
43 
44 
45 
46 
47 
48 
49 
50 
51 
52 
53 
54 
55 
56 
57 
58 
59 
60 
61 
62 
63 
64 
65 



4 
 

A potential solution to the two limitations described above is the use of higher order 

loudspeakers (HOLs), coupled with the application of active compensation to increase the 

reproduction bandwidth and radius and reduce the effects of room reflections [14], [33]–[38]. 

Higher order loudspeakers radiate sound with a number of different radiation patterns, which 

are typically described by spherical or cylindrical harmonics [39]–[43]. In the 2D case, polar 

responses in the horizontal plane are produced with variations in azimuthal angle φ  of the 

form ( )cos nφ  and ( )sin nφ [44][45]. For spherical loudspeakers the ideal response of these 

sources are the sectorial spherical harmonics [12][45]. For cylindrical loudspeakers, the 

response in elevation can be controlled by the vertical directivity of the radiating elements. 

For example, floor to ceiling loudspeakers can provide narrow beams in the (x,y) plane [46].  

If active compensation is implemented, then a surround sound system can reduce the early 

reflections and some reverberation [33]–[37], [47]. The reduction must, however, occur over 

a region that exceeds the human head (a radius exceeding 8.75 cm [48]). It is commonly 

stated regarding equalization in reverberant environments that acoustic control is possible 

over one tenth of a wavelength [49]–[51], suggesting that reverberation-free reproduction is 

not possible at high frequencies. However, the one tenth wavelength result applies for the 

case of pressure control only. When higher order modes of the sound field are controlled the 

control radius can be extended   [52]–[57].  

This paper presents experimental results from a prototype 2D sound reproduction system 

using higher-order loudspeakers and a higher order microphone for room compensation. The 

number of HO loudspeakers is limited to five, since this number is common in commercial 

surround systems. The loudspeaker designs are based on circular arrays of drivers on 

cylindrical baffles as this is less complex than 3D designs using spherical baffles. Similarly 
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the microphone is a 2D cylindrical design which requires the sampling of less audio channels 

than a spherical microphone design.  

It will be shown that the prototype sound system is able to attenuate early reflections and 

reverberation over a region of approximately 200 mm diameter up to a frequency of 8 kHz.  

1 THEORY: ACTIVE COMPENSATION OF 2D SOUND FIELDS 

The reproduction of 2D sound fields using the Ambisonics approach can be carried out using 

either a spherical harmonic approach known as the sectorial approximation [58], which 

requires the use of a spherical microphone array, or a cylindrical harmonic approach, which 

can be implemented using a cylindrical microphone array. As a cylindrical array was 

developed here, the corresponding cylindrical coordinate theory for determining the 2D 

component of the sound field and reproducing a desired 2D field is first presented. 

1.1 Measurement of 2D sound field coefficients using a cylindrical 
microphone array 

The spatial sound field at positive radian frequency ω incident upon a source-free region of 

space may be described in cylindrical coordinates ( ), ,R z φ  by the  interior solution to the 

wave equation [12] 

( ) ( ) ( )1, , , ,
2

zik zim
m z m R z

m

p R z e A k J k R e dkφφ ω ω
π

∞∞
−

=−∞ −∞

= ∑ ∫ ,   (1) 

where ( ).mJ  is the mth cylindrical Bessel function, ( ),m zA k ω  is the mth sound field 

coefficient which is a function of the wave number k and its z component 2 2
z Rk k k= − , 

where kR is the radial part. The definition in (1) means that positive values of kz are associated 

with wave front propagation in the positive z direction.  
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For a finite wave number k and radius R, Eq. (1) can be truncated to a maximum order 

/ 2M ekR=     [59]. Far-field sound sources which are in the (x,y) plane have no propagation 

component in z and produce kz = 0, kR = k,  and so ( ) ( ) ( ),m z m zA k A kω ω δ= , where ( ).δ  is the 

Dirac delta function with area 2π,  and hence the sound pressure simplifies to 

( ) ( ) ( ), ,
M

im
m m

m M

p R e A J kRφφ ω ω
=−

= ∑ ,    (2) 

as is commonly assumed in 2D sound reproduction [10][25].  

If the incident field in (1) scatters from an infinitely tall cylinder, the scattered field has the 

form [12] 

( ) ( ) ( )1, , , ,
2

zik zim
m z m R z

m

p R z e B k H k R e dkφφ ω ω
π

∞∞
−

=−∞ −∞

= ∑ ∫ ,  (3) 

where ( ) ( ) ( )2
m R m RH k R H k R=  is the cylindrical Hankel function of the second kind [12]. The 

total field is the sum of the incident and scattered fields (1) and (3). If the cylinder has infinite 

surface impedance then the normal pressure gradient on the surface must vanish. The 

scattering functions ( ),m zB k ω  can then be expressed in terms of ( ),m zA k ω , yielding the 

total field 

 ( ) ( ) ( ) ( )
( )

( ) ( )21, , , ,
2

zm R ik zim
T m z m R m R z

m m R

J k a
p R z e A k J k R H k R e dk

H k a
φφ ω ω
π

∞∞
−

=−∞ −∞

 ʹ
= − ʹ 
∑ ∫ . (4) 

On the surface, R = a, the application of the cylindrical Wronskian, [12], yields the pressure 

on the cylinder 
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( ) ( )
( )
,2 1, , ,

2
zm z ik zim

T z
m R m R

A kip a z e e dk
a k H k a

φ ω
φ ω

π π

∞∞
−

=−∞ −∞

−
=

ʹ∑ ∫ .   (5) 

For a 2D sound reproduction system with loudspeakers in the horizontal plane, the direct 

field of each speaker, and the subsequent wall reflections, have 0zk = . If the ceiling and floor 

are absorptive, then reflections from the floor and ceiling are reduced and the reproduced 

field is predominantly 2D. In this case 2D sound field reproduction can be achieved by 

recording the 2D sound field component, with 0zk = , and reproducing a desired 2D field of 

the form of (2). The 2D field can be found by carrying out the integral in (5) with 0zk = , ie 

by integrating over z.  In practice, integration is only possible over a finite range, and would 

typically be carried out by a discrete summation obtained from a line array of microphones. 

These practicalities can be taken into account by integrating with a general aperture function 

( )f z  

( ) ( ) ( ), , , , ,T Tp a p a z f z dzφ ω φ ω
∞

−∞

= ∫ ,    (6) 

yielding, from (5), 

 ( ) ( )
( )

( )
,2 1, ,

2
m zim

T z z
m R m R

A kip a e F k dk
a k H k a

φ ω
φ ω

π π

∞∞

=−∞ −∞

−
=

ʹ∑ ∫ ,  (7) 

where 

( ) ( ) zik z
zF k f z e dz

∞
−

−∞

= ∫      (8) 

is the Fourier transform of the array aperture function ( )f z . In practice, ( )f z  is a discrete 

weighting function corresponding to a line array of NL microphones in z, which produces an 

array response with a main lobe in the horizontal plane, kz = 0. 
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For sound sources that are at reasonable distances from the cylinder, the contribution of 

evanescent terms to the pressure are negligible and it can be assumed that the z-component of 

the wave number has magnitude less than k, and can be written coszk k θ=  with θ  the 

elevation angle from the z-axis. In this case, Eq. (7) becomes 

( ) ( )
( )

( )
0

cos ,2 1, , cos
2 sin

mim
T

m m

A kip a e F k d
a H ka

π
φ θ ω

φ ω θ θ
π π θ

∞

=−∞

−
=

ʹ∑ ∫   (9) 

( )cosF k θ  may now be interpreted as the polar response of the vertical aperture function at 

wave number k. With an absorptive floor and ceiling, and if ( )cosF k θ  is sufficiently sharp 

to attenuate the effects of any residual vertical propagation, then the 2D coefficients, 

( ) ( )0,m mA Aω ω= , are obtained as 

( ) ( ) ( )
2

0

1 , ,
2 2

im
m m T

i aA H ka p a e d
π

φπ
ω φ ω φ

π
−ʹ= ∫ .   (10) 

In practice, the integration over azimuthal angle φ  is carried out using a discrete sampling at 

Nφ  angles. The cylindrical microphone array thus consists of Nφ  line arrays equally spaced 

around the cylinder, with each line array having NL elements. The summation over z can be 

implemented in the analogue domain and the line array outputs sampled, so that the number 

of audio channels that must be sampled is only Nφ . 

1.2 Generation of an actively compensated sound field 

Equation (10) can be applied to the active calibration of a higher order sound reproduction 

system as follows. The sound system consists of a circular array of L higher order 

loudspeakers. Each loudspeaker is able to radiate 2N+1 fields with polar responses in the 

azimuthal plane of the form ( )cos nφ   and ( )sin nφ . There are thus a total of ( )2 1Q L N= +  
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ways of exciting the sound field in the room. For the qth sound field excitation the impulse 

responses at the output of each line array, ( ), , , 1:v lg q t v Nφφ  ∈    is measured, where 

/l st l f=  is the lth sample in time and fs is the sample rate. The discrete Fourier transform of 

each impulse response is taken to produce the transfer function ( ), ,v lG q φ ω and the discrete 

form of the circular decomposition in Eq. (10) carried out to produce the 2D coefficient 

functions  

( ) ( ) ( )
1

1, , ,
2

v

N
im

m l m l v l
v

i aA q H k a G q e
N

φ
φ

φ

π
ω φ ω −

=

ʹ= ∑    (11) 

at the discrete set of frequencies lω .  

The sound field to be reproduced at each lω has the form of Eq. (2), with coefficients ( )m lD ω  

( ) ( ) ( ), ,
M

im
d l m l m l

m M

p R e D J k Rφφ ω ω
=−

= ∑ .    (12) 

At each frequency, the set of sound field coefficients for the qth room excitation is 

( ) [ ], , 1,m lA q q Qω ∈ . The sound field obtained from a weighted sum of these excitations, with 

weights wq, has the form 

 ( ) ( ) ( ) ( )
1

ˆ , , ,
QM

im
l m l q l m l

m M q
p R e J k R w A qφφ ω ω ω

=− =

= ∑ ∑ .   (13) 

Requiring this field to approximate (12) produces the mode matching requirements 

( ) ( ) ( )
1

,
Q

q l m l m l
q

w A q Dω ω ω
=

=∑ .    (14) 

For each frequency, this can be put in matrix form 
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w D=Ψ ,     (15) 

where Ψ  is of size 2M+1 by Q . We assume that 2 1Q M≥ + . In this case the weights may be 

found as 

1H Hw D
−

 =  Ψ ΨΨ .     (16) 

The solution may produce weights with large energy which produces non-robust results. The 

energy of the weights can be reduced below that of the ideal minimum energy solution by 

including a regularization term λ 

1H Hw Dλ λ
−

 = + Ψ ΨΨ I     (17) 

This equation is solved at each discrete frequency of interest. The frequency dependent, Q by 

2M+1 matrix 
1H H λ
−

 + Ψ ΨΨ I  produces a set of Q loudspeaker weights from a desired set 

of 2M+1 sound field coefficients D and can be implemented using fast convolution 

techniques. 

The maximum frequency at which the mode matching equations (14) can be achieved defines 

the spatial Nyquist frequency of the sound reproduction system for a given desired radius of 

reproduction R. Setting ( )2 1 2 1Q L N M= + = +  with / 2M ekR=     yields 

( )
( )1 1
2Nyq

c L N
f N

e Rπ
+ −  =     (18) 

For example, for a radius R = 90mm and N = 0 the spatial Nyquist frequency is 885 Hz and 

for N = 3 it is 5.6 kHz.  
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1.3 Active compensation over a finite duration 

The active compensation of the entire room impulse response is a challenging task, requiring 

long filters and leading to possible ill-conditioning and non-robust reproduction. The problem 

complexity can be reduced by applying a window function to the measured impulse 

responses ( ), ,v lg q tφ  which zeros the response for all samples after a truncation time τ after 

the direct sound, and determining the filter weights from the transfer functions of the 

windowed responses. In this case, active compensation produces a direct sound field with 

attenuated early reflections and early reverberation up to time τ, but there will be a 

subsequent reverberant field which adds some reverberation to the reproduced field. 

2 DESCRIPTION OF PROTOTYPE 2D SURROUND SYSTEM USING 

HIGHER-ORDER LOUDSPEAKERS AND ACTIVE COMPENSATION 

2.1 Higher order loudspeakers 

The prototype loudspeaker is a third order cylindrical design consisting of 30 full range 

drivers arranged as two circular arrays on a 15-sided polygonal baffle with mean radius 

a = 132 mm, and height 400mm, plus a subwoofer mounted in the top which extends the 

omnidirectional mode response at low frequencies [45] (Fig 1).  
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Figure 1: Third order loudspeaker unit 
The spatial Nyquist frequency of the loudspeaker is approximately 4 kHz. The use of two 

drivers at each angle provides increased directivity at high frequencies which reduces out-of-

plane radiation lobes. The loudspeaker provides an omnidirectional response and higher-

order 2D responses up to order 3, a total of 7 radiation modes. The nth radiation mode 

becomes significant for frequencies where ka > n, which defines the loudspeaker mode 

activation frequency 

( )act,spkr 2
ncf n

aπ
= ,      (19) 

which produces first to third order activation frequencies of 410, 820 and 1.2kHz, 

respectively. Each radiation mode is unable to radiate significant power below the 

corresponding activation frequency [41], [43], [60], [61]. This behaviour is well-known for 

the n = 1 dipole case [62].  
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2.2 Higher order microphone 

Higher order microphones can be constructed using multiple microphones in a free-field 

geometry [63]–[67] or mounted on spherical or truncated cylindrical baffles [68]–[77]. The 

main design goals are to have a sufficient number of microphone elements to record the 

sound field up to a desired frequency and to record the sound field over a radius larger than 

the human head radius to allow an accurate perceived reproduction. The required radius of 

the microphone can be determined from Eq. (2). If the sound field is to be recorded and 

reproduced within a sound control zone (SCZ) of radius R and up to wavenumber k, then the 

expansion order of the sound field can be truncated to order M kR≈  [78]. If the recording is 

carried out using a cylindrical or spherical microphone array of radius b, then the microphone 

array must have significant output at mode order M. Since the activation frequency for the 

mth mode of a cylindrical or spherical array of radius b occurs for kb =m  [77], 

( )act,mic 2
mcf m

bπ
= ,     (20) 

then for a sound field order m = M, its radius must be at least b = R. For sound field 

reproduction over a radius exceeding the human head, a design radius exceeding 87.5 mm 

[48] is therefore required. 

The prototype cylindrical microphone consists of a circular array of 32 line arrays positioned 

on a cylinder of radius 90 mm (Fig 2). Each line array consists of 5 MEMs microphone 

elements, spaced at -60, -20, 0, 20 and 60mm from the vertical center. The outputs of the 5 

microphones are filtered and added together to provide an estimate of the 2D component of 

the sound field as discussed in section 1.1. The filtering is included to maintain a more 

constant directivity in elevation with frequency [79]. The total number of microphones is 

165, but the line arrays are combined, and the cylindrical array has 32 analog outputs which 
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can be sampled using commercially available analog to digital converters. For comparison, 

the number of microphones and analogue to digital converter channels required for a 

spherical microphone array of the same radius and maximum recording frequency would be 

205. 

The cylindrical array is able to measure 2D cylindrical sound field coefficients up to 15th 

order and up to 8 kHz. In practice, the accuracy of the highest orders is limited and so the 

order was restricted to a maximum of 12. This allows the recording and reproduction of 

sound fields over a radius of 90 mm up to 7.2 kHz. 

 

 

Figure 2: Higher order microphone 
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2.3 Reproduction room. 

The reproduction space was a rectangular office of dimensions 5.10 m length by 4.55 m 

width by 3.22 m height, with a carpeted floor. The right hand wall, with respect to the 0 

degrees direction, was largely covered by windows of dimensions 4.8 m by 2.05 m and the 

opposite side had a small window and a power box, creating some diffusion in the lateral 

dimension. The ceiling was treated with 50mm acoustic insulation with a 50mm air gap to 

reduce vertical reflections [80]. The reverberation time with acoustic treatment was 450 ms. 

Some measurements were taken before the ceiling absorption was installed, and these are 

discussed in section 3.  

The layout of the sound system is shown in Fig. (3). The HOLs are arranged in a regular 

pentagonal array at a radius of 1.5 m.  The regular layout allowed comparison of the results 

with standard Ambisonics approaches.  Both the HOLs and the calibrating microphones were 

located at 1.1 m above the ground.    
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Figure 3: Reproduction room with surround sound layout 

2.4 Audio processing  

Audio sampling and playback was carried out using an RME data acquisition system with 32 

channels of audio input and 64 channels of audio output. The 32 input channels were used to 

sample the cylindrical microphone outputs and 35 of the 64 output channels used to feed 

signals to the 5 HOLs. The data acquisition system was connected to a computer via a MADI 

serial link. The surround calibration and playback was carried out in Matlab using the Playrec 

audio utility [81].  

Calibration was carried out by measuring the impulse responses from each radiation mode of 

each HOL to the microphones in the microphone array. This was done by generating a 

periodically repeated chirp sequence whose periodic spectrum (calculated via an FFT) was 

spectrally flat. The chirp was designed in the frequency domain in a similar manner to those 
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developed in [82]. The chirp length was 44100 samples at a sample rate of 44.1 kHz giving a 

period of 1 second. For each channel of each HOL, the repeated chirp was played and the 32 

microphone array output signals were recorded. After the first period, or ‘frame’, of the chirp, 

the response becomes periodic, and the second and subsequent periods are used to calculate 

the transfer function by taking the FFT of one frame and dividing it by the FFT of the chirp. 

Multiple frames may be added to improve the signal to noise ratio, assuming time invariance. 

In practice a single repeat was used which provided 3 dB improvement in SNR and typical 

overall SNRs were around 65 dB. The calibration of the entire system took three minutes. 

Actively compensated sound field reproduction (AC-SFR) was carried out by calculating the 

2D cylindrical harmonic decomposition of the microphone outputs using Eq. (11) at each 

frequency for each loudspeaker excitation, and determining the weights required to produce a 

desired 2D sound field, as in Eq. (12), using Eq. (17). In practice a weighted form of mode-

matching was used to design the compensating loudspeaker filters  [83]. A Tikhonov 

parameter of 1/100 of the largest singular value in Ψ was applied in (17) in calculating the 

loudspeaker filters. Due to the bandwidth limitations of the loudspeaker and microphones, 

reproduction was restricted to a maximum frequency of 8 kHz.  

2.5 Analysis of reproduced field 

The reproduced field was assessed by informal listening tests and by measurement of impulse 

responses using an Eigenmike™, a 32-element spherical microphone array. 

For informal listening, the source signal was a short burst of white noise or a section of 

anechoically recorded music. A range of truncation times from τ = 30ms to 500 ms were 

assessed. 
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For the objective analysis, the reproduced sound field was an impulse response and active 

compensation was applied over a time duration τ = 50 ms after the direct sound. This 

truncation time is equivalent to including up to approximately third order reflections.  

To improve the signal to noise ratio, the impulse responses were calculated by using the 

repeating chirp as the desired source signal for a desired reproduction angle. The reproduced 

field was recorded using the Eigenmike and processed as discussed in section 2.4 to produce 

the corresponding impulse responses at each microphone. The impulse response at the center 

of the Eigenmike was calculated by adding all 32 outputs and applying a zeroth order sphere 

mode equalization.  

The spatial properties of the sound field at the Eigenmike position were determined by 

produce a maximum directivity beam for a discrete set of angles ( ),l lθ φ  over 4π steradians, 

determining the total energy for each and then producing a 3D Steered Response Power 

(SRP) which shows the energy arriving from each direction. The beam look for each 

direction has a normalized polar response of the form [61] 

( )
( )

( ) ( )*2
0

4, , ,
1

V v
m m

V v v l l
v m v

d Y Y
V
π

θ φ θ φ θ φ
= =−

=
+

∑ ∑    (21) 

where V is the beam order, which is dictated by the activation frequency for the Eigenmike, 

as in Eq. (20). With the use of the addition theorem, Eq. (21) can be written 

( )
( )

( ) ( )2
0

1 2 1 cos
1

V

V v
v

d v P
V

γ γ
=

= +
+

∑    (22) 

where γ  is the angle between ( ),l lθ φ  and ( ),θ φ . This response can be produced using the 

Eigenmike™ for frequencies above the Vth activation frequency up to a maximum order 

V = 4. The beamformer steered response power was measured in frequency bands centred 

 1 
 2 
 3 
 4 
 5 
 6 
 7 
 8 
 9 
10 
11 
12 
13 
14 
15 
16 
17 
18 
19 
20 
21 
22 
23 
24 
25 
26 
27 
28 
29 
30 
31 
32 
33 
34 
35 
36 
37 
38 
39 
40 
41 
42 
43 
44 
45 
46 
47 
48 
49 
50 
51 
52 
53 
54 
55 
56 
57 
58 
59 
60 
61 
62 
63 
64 
65 



19 
 

about 250 Hz, 500 Hz, 1 kHz, 2 kHz and 4 kHz. Due to the increase in directivity of 

beamformers with frequency, these SRPs naturally look sharper in higher frequency bands. 

3 RESULTS 

The surround system was evaluated by measuring actively-compensated impulse responses at 

the centre of the array and at 45mm and 90mm lateral displacement from the center. The 

spatial properties of the field were evaluated at the array center.  

Actively-compensated impulse responses were also reproduced using only the zeroth order 

modes of the five loudspeakers, in order to determine if there is any performance 

improvement due to the use of higher order loudspeakers. In addition, impulse responses 

were recorded using HOA with frequency-independent second order max-rE decoding [25]. 

Unless otherwise stated, measurements were taken in the room with ceiling absorption. 

Figures 4 and 5 show the reproduced impulse responses for the creation of sources at 0 and 

36 degrees (half way between two loudspeakers), respectively, for AC-SFR using zeroth 

order (omnidirectional) and third order loudspeakers, together with the results for HOA. All 

reproduced impulse responses were time aligned and normalised to direct sound levels of 0 

dB for comparison. 
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(e) 45 mm, 3rd order (d) centre, 3rd order (f) 90 mm, 3rd order 

(b) 45 mm, 0th order (a) centre, 0th order (c) 90 mm, 0th order 

Figure 4: Nett impulse responses at several positions in the reproduction zone, comparing AC-SFR 
using (a),(b),(c) zeroth order secondary sources and (d),(e),(f) third order secondary sources with 
second order Ambisonics (max-rE) for a virtual source angle of 0 degrees. 

(e) 45 mm, 3rd order (d) centre, 3rd order (f) 90 mm, 3rd order 

(b) 45 mm, 0th order (a) centre, 0th order (c) 90 mm, 0th order 

Figure 5: Nett impulse responses at several positions in the reproduction zone, comparing AC-
SFR using (a),(b),(c) zeroth order secondary sources and (d),(e),(f) third order secondary sources 
with second order Ambisonics (max-rE) for a virtual source angle of 36 degrees. 
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The third-order AC-SFR approach is seen to suppress most of the early reflections within the 

first 50 ms, with an attenuation of about 30 dB for both 0 and 36 degree source angles, and at 

all three positions in the SCZ. Using AC-SFR with zeroth order sources, most of the early 

reflections are suppressed by about 20 dB. For the HOA case the reflections are about 10 dB 

below the direct component. Hence, zeroth order AC-SFR produces about 10 dB reduction of 

reflections and third-order AC-SFR produces 20 dB attenuation, compared to the un-

compensated HOA case.  

The undesirable feature of the reproduced impulse responses with AC-SFR is the presence of 

“pre-reverberation”, where there is a build-up of sound energy before the desired impulse. 

The pre-reverberation in Figure 5 rises to a maximum level of –20 dB before the direct sound 

for zeroth order sources and to –30 dB for third order sources. It is hence about 10 dB lower 

with third order loudspeakers than it is for zeroth order sources.   

If the pre-reverberation duration is short enough and at sufficiently low level, it will not be 

audible due to the perceptual pre-masking effect [84]. However, the pre-reverberation with 

third-order sources still exceeds the threshold for pre-masking [84], and was clearly audible 

when listening to white noise pulses in informal listening tests.  
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In Figure 6, the nett reproduced frequency responses at the three locations are shown for the 

different reproduction approaches1.  AC-SFR produces flattened frequency responses, 

corresponding to the attenuation of early reflections and early reverberation, with the 

frequency responses being most flat in the midrange 300 Hz – 1 kHz. Zeroth order 

reproduction suppresses the appearance of significant nulls in the frequency responses until 

about 1 kHz and third order reproduction extends the region of flatness to around 3 kHz. The 

frequency responses for zeroth order reproduction roll off above 2 kHz.  This occurs because 

the five channel system can only sustain reproduction to about 1.2 kHz and the reverberant 

compensation problem becomes ill-conditioned here so that the reproduced sound energy is 

reduced by regularization.   

                                                           
1 To study the effectiveness of the AC-SFR approaches, all frequency responses are plotted for only the first 50 

msec of reproduced impulse responses. 

 

(e) 45 mm, 3rd order (d) centre, 3rd order (f) 90 mm, 3rd order 

Figure 6: Nett frequency responses at several positions in the reproduction zone, comparing AC-SFR 
using (a),(b),(c) zeroth order secondary sources and (d),(e),(f) third order secondary sources with 
second order Ambisonics (max-rE) for a virtual source angle of 36 degrees. 

(b) 45 mm, 0th order (a) centre, 0th order (c) 90 mm, 0th order 
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Table 1 quantifies the level of reverberation suppression more directly, by showing the direct 

to reverberant ratio (DRR) for the three approaches at the three positions, averaged over ten 

virtual source directions 0o, 36o, … 324o.  (For AC-SFR the DRR calculation included the 

pre-reverberation). Third order AC-SFR suppresses more reverberation than the zeroth order 

case.  Both AC-SFR scenarios exceed the DRR performance of HOA, which can be 

considered the baseline.  The DRRs of third and first order sources average to 6.4 dB and 1.5 

dB respectively, whilst those of HOA average to −2.5dB. On average, the third-order DRR is 

about 5 dB higher than the zeroth-order DRR. 

 
Position 

Direct-to-Reverberant energy Ratio (dB) 
AC-SFR, 
3rd order 

AC-SFR, 
0th order 

HOA (max-rE) 

Centre 6.7 2.5 -2.6 
45 mm 6.4 2.1 -2.4 
90 mm 5.4 0.03 -2.4 

Table 1: Performance for second-order Ambisonics (max-rE), AC-SFR using 0th order modes and AC-
SFR using 3rd order modes, showing the Direct-to-Reverberant energy Ratio of the nett impulse responses 
averaged over ten virtual source angles. 

 

Figure 7 shows the beamformer steered response power at the centre of the SCZ for a source 

angle of 36 degrees. At low frequencies, HOA produces maximum energy from halfway 

between the loudspeakers, but at 2 kHz and above produces two separate energy peaks at the 

two nearest loudspeaker angles, showing that the system is unable to produce a single 

direction of arrival at these frequencies. This is expected, because for N=2 order HOA the 

size of the SCZ is smaller than the radius of the Eigenmike (42 mm) for frequencies above 

4.5 kHz.  

The zeroth order AC-SFC produces some improvement over the HOA case. The 2 kHz 

energy has a single direction of arrival although the mean is slightly broader than the 1 kHz 

case. However at 4 kHz, the energy arrives from two distinct directions. 
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The third-order AC-SFC produces a consistent beam up to 4 kHz and the beam width is 

narrowest at 4 kHz, showing that sound field reproduction is correct up to 4 kHz over the 

radius of the Eigenmike.  

 

 

 

Figure 7: Beamformer SRP at the centre of the sound control zone in various frequency bands for (a) AC-
SFR with zeroth order sources, (b) AC-SFR with third order sources and (c) Second order Ambisonics.  
Plots are shown for a virtual source angle of 36 degrees.  The directions to the secondary sources are also 
marked (-⋅). 

The spatial properties of the pre-reverberation signal can be determined by windowing the 

measured impulse response so that the desired direct sound and subsequent compensated 

response is removed, leaving only the pre-reverberation build-up. In practice the window was 

arranged to select the impulse response up to 2 ms before the direct sound.  

The SRP of the pre-reverberation component is shown in Fig. 8a without ceiling absorption, 

viewed in the x-z plane. These measurements used a 100 ms truncation time as opposed to the 

(c) AC-SFR, third order sources. 

 

(b) AC-SFR, zeroth order sources. 

(a) Second order Ambisonics (max-rE) 
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50 ms time used above, which creates slightly higher levels of pre-reverberation. Vertical 

lobes are evident at 500 Hz, 1 kHz and 2 kHz. At 4 kHz the higher order loudspeakers are 

more directional so that vertical lobes do not dominate the responses.  

In Fig. 8b the SRP of the pre-reverberation is shown after the application of ceiling 

absorption.  The upward vertical lobes at 1, 2 and 4 kHz are now largely absent.   

 

 

 

Figure 8: Beamformer SRP of the pre-reverberation in several frequency bands for a virtual source at 36 
degrees, midway between two loudspeakers, for a room with 50mm ceiling absorption. 

 

The frequency dependence of the pre-reverberation levels is shown in Fig. 9. The pre-

reverberation levels of 3rd order sources are around 10 dB lower than the levels for 0th order 

sources, as suggested by Figures 5 and 6.  

If the pre-reverberation properties are the same as that of room reverberation, the levels 

would rise at 10 dB per decade on a log frequency scale, but Fig. 9 shows that they rise at 

greater than 10 dB per decade. This increasing pre-reverberation level with frequency is 

(b) Ceiling absorption 

(a) No ceiling absorption 
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likely to be a consequence of the poorer reproduction accuracy that occurs at high 

frequencies. 

 
 

 

4 CONCLUSION 

In this paper we have considered the generation of actively compensated 2D sound fields in a 

semi-reverberant room, using an array of five third-order loudspeakers which can exploit 

room reflections to improve reproduction quality. Both loudspeakers and the calibration 

microphone were cylindrical designs. Recording and playback was carried out using 

commercial data acquisition equipment and software.  

The results have shown that active compensation together with the use of higher order 

loudspeakers can produce sound fields with attenuated early reflections and early 

reverberation over a radius of 90 mm, large enough for a single listener, and up to a 

frequency of 8 kHz. Furthermore, third order sources produced greater suppression of early 

reflections than zeroth order sources and the frequency response was equalised over a wider 

Figure 9: Relative pre-reverberation levels in octave bands versus frequency. 
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frequency range. Eq. (18) predicts that the spatial Nyquist frequency of the zeroth order 

system is 885 Hz and is around 5.6 kHz for the third order case. A definitive analysis of the 

spatial Nyquist frequency would require sampling the sound field over the reproduction 

region, which has not been carried out here. However, the results in Figures 6 and 7 clearly 

show that the frequency range of accurate reproduction is extended by using higher order 

sources. 

AC-SFR also produced an unwanted pre-reverberation response. This pre-reverberation is 

caused by any vertical propagating waves that the 2D system cannot control, and by any 

errors in the 2D mode matching caused by measurement errors and any variation of the 

transfer functions that occurs after the calibration process. For example, replacing the 

calibration microphone with a human listener will alter the secondary room reflections caused 

by the field that diffracts around the microphone.  

The vertical propagation component of the pre-reverberation was reduced by using ceiling 

absorption to attenuate unwanted vertically propagating wave fronts.  

The pre-reverberation levels were around 10 dB lower using third-order sources than using 

zeroth order sources and tended to increase with frequency. This suggests that using sources 

of order higher than three may further attenuate the pre-reverberation signal by providing 

additional room excitations to control higher-order modes at high frequencies. The activation 

frequency of the third order mode of the prototype speaker is 1.23 kHz, and no higher 

radiation modes are available to increase the number of room excitations above this 

frequency. Higher order radiation modes would provide greater capacity to reduce pre-

reverberation up to the maximum reproduction bandwidth, which was 8 kHz in this case.  

Pre-reverberation may also be reduced by the use of a spherical microphone array, which 

would avoid any errors introduced by the use of a finite length cylindrical baffle and any 
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limitations caused by the finite vertical line arrays to record the 2D components of the sound 

field. However a spherical array would require the use of the sectorial approximation for 2D 

reproduction and so there may still be limitations for 2D reproduction with this approach. A 

difficulty with the spherical array is that a much large number of microphones and analogue 

to digital convertors would be needed. For the reproduction of sound fields up to 8 kHz, a 

microphone spherical array of radius 90 mm would require the sampling of over 205 

microphone outputs. 

Finally, the use of 3D higher order sources which can direct sound in the vertical dimension, 

together with 3D cylindrical or spherical microphone arrays, would provide greater control of 

any residual vertical propagation. Spherical sources, or cylindrical sources with line arrays 

that can beamform to produce vertically propagating wave fronts, could be used for 3D 

reproduction. However, the cost and complexity of such sources would be higher than for the 

2D case.  

The results in this paper did not take into account temperature variations in the reproduction 

room. Measurements were taken immediately after calibration to avoid the effects of any 

temperature changes. Temperature changes lead to a change in the speed of sound which 

alters the number of wavelengths along the propagation path.  Since the acoustic wavelength 

is shorter at higher frequencies, temperature susceptibility is also more apparent at higher 

frequencies, and may contribute to the increase in pre-reverberation seen at high frequencies. 

For early reflections, the sound travels a shorter distance to reach the sound control region 

and the phase shift associated with a change in speed of sound is also smaller. Therefore 

truncation of the room impulse responses before active compensation tends to improve the 

robustness of the approach to temperature changes and was used in this paper. If 

compensation is attempted over a longer length of the room impulse responses, then 
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temperature compensation is necessary [85]. Alternatively, a microphone array must be in-

place all the time and an adaptive system must be implemented such as in [35] [86][87]. 

The analysis of the performance of the system has so far been limited to objective 

measurements of the spatial properties of the reproduced sound fields using a spherical 

microphone array and informal listening. More detailed measurements, such as discussed in 

[88], have not been carried out. Such tests would be important to establish the perceived 

benefit of the ability to cancel reverberation and to create sound fields with arbitrary spatial 

properties, particularly since continuous sound with multiple directions will tend to average 

out and mask the effects of any residual pre-reverberant components in the reproduced field. 

The informal subjective impression of the reproduced field for anechoic white noise pulses is 

that the direct sound appears to originate from a point immediately adjacent to the head. This 

impression is consistent with that produced in an anechoic environment. In contrast, standard 

second-order Ambisonics playback produces sound that appears to originate at a distance 

from the head, due to the presence of early reflections. Hence, the compensated surround 

system offers to prospect of the ability to alter the perceived distance of the sound source.  

The pre-reverberation signal was also audible with white noise pulses and contributed to the 

residual reverberant field when listening to anechoic music. Methods of reducing the pre-

reverberation field are discussed above and will be the focus of future research.  
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FIGURE CAPTIONS 
 

Figure 1: Third order loudspeaker unit 

Figure 2: Higher order microphone 

Figure 3: Reproduction room with surround sound layout 

Figure 4: Nett impulse responses at several positions in the reproduction zone, comparing AC-SFR 
using (a),(b),(c) zeroth order secondary sources and (d),(e),(f) third order secondary sources with 
second order Ambisonics (max-rE) for a virtual source angle of 0 degrees. 

Figure 5: Nett impulse responses at several positions in the reproduction zone, comparing AC-SFR 
using (a),(b),(c) zeroth order secondary sources and (d),(e),(f) third order secondary sources with 
second order Ambisonics (max-rE) for a virtual source angle of 36 degrees. 

Figure 6: Nett frequency responses at several positions in the reproduction zone, comparing AC-SFR 
using (a),(b),(c) zeroth order secondary sources and (d),(e),(f) third order secondary sources with 
second order Ambisonics (max-rE) for a virtual source angle of 36 degrees. 

Figure 7: Beamformer SRP at the centre of the sound control zone in various frequency bands for (a) 
AC-SFR with zeroth order sources, (b) AC-SFR with third order sources and (c) Second order 
Ambisonics.  Plots are shown for a virtual source angle of 36 degrees.  The directions to the 
secondary sources are also marked (--). 

Figure 8: Beamformer SRP of the pre-reverberation in several frequency bands for a virtual source at 
36 degrees, midway between two loudspeakers, for a room with 50mm ceiling absorption. 

Figure 9: Relative pre-reverberation levels versus frequency 
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