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ABSTRACT 
This study aims to evaluate the addition of virtual sound sources to a 9.1 loudspeaker configuration in terms of 
spatial attributes such as envelopment and sound image width. It is the second part of a previous study where 
different upmixing algorithms to convert stereo to a 9.1 mix were examined. Four virtual sound sources (VSS) 
are added to a 9.1 configuration to simulate virtual loudspeakers in the height layer with the help of Vector-
Based Amplitude Panning (VBAP). A subjective test is conducted to determine whether listeners perceive an 
improvement due to the addition of VSS channels in the height layer. 

1 Introduction 
Among standardized loudspeaker setups, 5.1 (left, 
center, right, left surround and right surround
channels) and 9.1 (5.1 + top front left, top front 
right, top back left and top back right channels in the 
height layer) are widely used configurations that 
provide improved immersion compared to a stereo 
configuration. In the first part of this study, three 
different stereo-9.1 upmixing algorithms, i.e. Passive 
Surround Decoding (PSD) [1], Least Mean Squares 
(LMS) method [2] and Adaptive Panning method 
(ADP) [3] were tested. A Max patch was built based 
on the upmixing algorithms, which generates a 9.1 
mix from a stereo file. The patch allows users to 
select one of the upmixing algorithms to convert a 
stereo file to 5.1 mix during playback. Perceptual 
band allocation (PBA) [4][5] is then applied to 
upmix 5.1 to 9.1 by applying low-pass and high-pass 
filters, and mapping to lower and upper loudspeaker 
layers to generate 3D sound. PBA is based on the 
pitch-height  

effect in which the perceived vertical location of the 
sound becomes higher as the frequency increases 
[6]. A subjective study was conducted to compare 
three upmixing algorithms both in 5.1 and 9.1 
reproduction methods, and the LMS algorithm was 
found to provide a more natural and enveloping 
sound compared to the other two algorithms [7].  

As the number of loudspeakers increases, the 
directional accuracy of the sound sources can be 
enhanced, and high-resolution enveloping sound can 
be rendered. Although multi-channel loudspeaker 
configurations and upmixing algorithms have been 
studied for decades, there is still great potential to 
enhance the quality of spatial attributes with a 
limited number of loudspeakers. Along with the 9.1 
channels generated from the upmixing algorithms, 
additional virtual sound sources can be introduced 
and this study aims to investigate how such 
additional virtual sources affect perceived spatial 
attributes. 
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2 Background  
2.1 Vector-Base Amplitude Panning 

 

 

Figure 1. Vector-Base Amplitude Panning (VBAP) 
 
Vector-Base Amplitude Panning (VBAP) is a 
technique based on the principle of amplitude 
panning that allows a sound source to be positioned 
anywhere in the space between two speakers. In [8], 
Pulkki describes at length the mathematical 
formulation. In Figure 1, l1 is the vector depicting 
the position for speaker 1, l2 depicts speaker 2’s 
position and p that of the virtual source. θ and φ 
represent the virtual source and speaker angles 
respectively. All the vectors originate from the 
origin, assumed to be at the listener’s head. The 
position vector of the virtual sound source is given 
by 

p = r . θ,             (1) 

where radius r is set to 1.   

P = G . L12             (2) 

based on the intensity panning law, where L12 is the 
speaker position vector matrix, P is the position 
vector, and G is the gain vector. Thus, 

G = P . L12
-1                (3) 

gives us the required gain values for the two 
speakers which are used to create the virtual sound 
source. 

In the experiment, the virtual sound sources are 
positioned using the VBAP method between two 
adjacent loudspeakers. For example, the virtual top 
surround left (TSL) channel can be generated by 

using VBAP between the top front left (TFL) and 
the top back left (TBL) loudspeakers, while the 
virtual top surround right (TSR) channel can be 
generated by the top front right (TFR) and the top 
back right (TBR) loudspeakers (Figure 2). Thus, on 
the basis of a 5.1.4 configuration, two virtual 
channels can be achieved to simulate 5.1.6 (9.1 + 
virtual TSL, TSR). Similarly, top front center (TFC) 
and top back center (TBC) channels can also be 
generated using two adjacent loudspeakers in the 
height layer. The VBAP technique provides very 
accurate perception of the virtual sound source 
direction when the center of a loudspeaker pair is 
near the median plane.  

 

 

Figure 2. Height layer speaker layout. Dashed speakers 
represent virtual sound sources. 
 

However, if loudspeakers are placed on the left or 
right side of a listener, the phantom image is located 
closer to the median plane than the intended panning 
angle [8][10].  
 
2.2 Interaural Cues 

Natural soundscapes contain a variety of interaural 
cues that enable us to perceive the direction and 
elevation of a sound. These signals contain 
interchannel differences, such as interaural time 
differences (ITD) - difference in times of arrival 
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between the ears, and interaural level difference 
(ILD) - difference in sound pressure level between 
the ears. ITD and ILD along with spectral filtering 
by the pinnae provide a sense of localization to the 
sound, and immersive sound setups take advantage 
of such cues to provide a sense of realism and 
immersion to the listener. ITD is found to be 
correlated to the amplitude panning method, and 
ILD cues are generally distorted and unstable in 
lateral directions [8][9]. Since accuracy of 
localization is poor in the lateral cones of confusion, 
it is worth testing front/back and left/right virtual 
sound sources separately and comparing them in 
terms of localization and degree of spatial attributes. 
In this experiment, 9.1 channels without virtual 
sources was used as a reference. 

3 Methodology 
3.1 Subjects 

The subjective testing was split into two portions, 
the Localization test and the Spatial Attributes test. 
The test had a total of 10 participants, aged between 
22 and 33 with a median age of 24.5 years. Almost 
all participants had some experience with music 
technology and/or spatial audio, with a median 
experience of 4.5 years. 

The experiment was conducted at the Music and 
Audio Research Lab (MARL) in New York 
University, New York. The subjects were seated at 
the center of a 9.1 loudspeaker configuration 
consisting of Genelec 8030A speakers as shown in 
Figure 2, at a distance of ~1.6m from all speakers as 
shown in Table 1. 

 

 

Table 1. 9.1 Loudspeaker Configuration 

3.2 Test 1: Horizontal Localization of Virtual 
Sources 
 

In the localization test, participants were asked to 
record their perceived azimuth for the virtual sound 
sources in the height layer. A 3s broadband pink 
noise was used as the sound source, and the virtual 
sources were at TFC, TSR, TBC, and TSL. As a 
reference to compare the localization accuracy of the 
virtual sound sources, real loudspeakers were also 
used at these positions. A graphical user interface 
(GUI) in Max was created for the test as shown in 
Figure 3. 
 

 

Figure 3. A graphical user interface (GUI) built in Max 
for the localization test. Listeners listened to the pink noise 
multiple times and adjusted the slider to report their 
perceived azimuth. Audio Clip A is a sound source from 
physical loudspeaker at the target azimuth, whereas Audio 
Clip B is a virtual sound source.  
 
 
3.3 Test 2: Spatial Attributes 

The upmixed 9.1 multi-channel configuration using 
VSS was evaluated and compared in terms of 
envelopment, localization, timbral quality and 
personal preference.  

Channel Azimuth Remark  
C  Center  

L, R  Left & Right  
SL, SR  Left & Right 

Surround 
 

TFL, TFR   Top Front 
Left & Right 

 

TBL, TBR 
 

 Top Back 
Left & Right  
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The stimuli for the test were selected to represent a 
diverse range of sounds that a typical user of a 9.1 
loudspeaker setup might experience. 12 audio clips, 
each 20 seconds long, were used in the test as 
described in Table 2 below: 
 
 

 

Clip # 
 

Genre / Description 
 

1 
 

Sports Broadcast (audience, commentary) 
 

2 
 

Comedy show (applause, reverb) 
 

3 
 

Video game (racing, sound FX) 
 

4 
Action movie  
(car chase sequence, gunshot, car crash) 

 

5 
 

Thriller (ambience, sound FX) 
 

6 
Nature documentary  
(percussive commentary, sound FX) 

 

7 
 

Hip hop (hard mixed, boomy bass, rap) 
 

8 Rock (clean tone guitar, bass, drums, male 
voice) 

 

9 Electronic (hard mixed, reverb, punch 
kick, synth pad) 

 

10 
 

Jazz quintet (trumpet, tenor sax, reverb) 
 

11 
 

Folk/Acoustic (guitar, female voice) 
 

12 
 

Classical (Orchestra) 
 

 

Table 2. Stimuli for Subjective Test 
 
Listening tests conducted in the first part of this 
study and described in [7] showed that the LMS 
algorithm received highest scores in sound image 
width, and similar or higher scores in envelopment 
and timbral quality than the other upmixing 
algorithms that were tested. Thus for each audio 
clip, the upmixed 9.1 file using the LMS + PBA 2.0k 
algorithm was used as a reference. In addition, the 
participants rated spatial attributes and preference 
for the upmixed 9.1 file with different combinations 
of additional virtual sources in the height layer- TFC 
& TBC, TSL & TSR, and all four virtual sources. 
The attributes were rated on a scale of 1-5, 1 being 
very poor and 5 being extremely satisfactory. 

4 Results 
The localization test results showed that most 
subjects could not accurately localize the virtual 
sources at TSR and TSL, while the performance at 
TFC and TBC was much better (Figure 4). In fact, 
the median perceived azimuth for virtual TBC and 
real TBC were equal, indicating that the virtual 
sound source is perceived accurately. It was also 
reported by multiple participants that the TBC 
virtual source was at the same position as the real 
TBC, however it seemed to be further away.  
A one-way ANOVA conducted on the results of the 
spatial attributes test (α= 0.01) reveals that there is a 
statistically significant difference in terms of 
envelopment (F (3,44)= 15.91, p<0.01) and sound 
image width (F (3,44)= 14.11, p<0.01), when virtual 
sources are added in the height layer. This can also 
be observed in Figure 7. For envelopment, there is a 
clear difference between the reference and ‘L/R’, 
‘All’ configurations. 9.1 + L/R got the highest 
median score, followed by 9.1 + all and 9.1 + F/B in 
that order. 9.1 Reference was found to receive the 
lowest median score.  

Sound Image Width also shows a clear difference 
between the different virtual source combinations 
and the reference, although there is less variation 
between the virtual source configurations. 9.1 + L/R 
received the highest median score, followed by 9.1 + 
F/B, and 9.1 + all, in that order. Similar to 
envelopment, the 9.1 Reference received the lowest 
median score. Addition of virtual sources, however, 
did not show significant differences in perceived 
timbral quality (F (3,44)= 1.44, p= 0.243). The 
spatial attributes test results are summarized in 
Figure 6.  
In addition, as seen in Figure 5, a significant 
majority of the participants prefer the audio clips 
with additional virtual sources and this is seen across 
all audio clip genres. The most preferred audio clips 
are the ones with virtual sound sources – 9.1 + L/R 
and 9.1 + all. This indicates that the additional 
virtual sources improve the listening experience.  
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Figure 4. Localization test results- Top to bottom clockwise- Top Front Center, Top Back Center, Top Right Side, Top Left 
Side. Vertical axis is the perceived azimuth (º) and horizontal axis is the target azimuth (º). Each symbol represents the 
median azimuth value of the 10 participants and the whiskers represent 95% confidence intervals. A square symbol (blue) 
indicates the perceived direction of a physical sound source while a diamond (red) indicates a virtual source. 
 

 
Figure 5. Mean participant preferences for each audio clip. Vertical axis represents the percentage of participants, and the 
horizontal axis the audio clip number.
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Figure 6. Spatial attributes test results for 12 audio clips- boxplots of the results for LMS + 2.0 kHz PBA algorithms with 
front/back, left/right, and all virtual sources. The vertical axis represents the attribute rating (1-5) and horizontal axis the 
different loudspeaker configurations. Each box plots a median value (2nd quartile, red line) and interquartile range (1st and 3rd 
quartile) of the data for the corresponding genre of stimuli, and the top and bottom whiskers indicate the maximum and 
minimum values. For each audio clip, top to bottom, the graphs represent envelopment (ENV), sound image width (SIW), 
and timbral quality (TQ) respectively. 
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Figure 7. The boxplots of the ANOVA results indicate the median value (2nd quartile, red line), interquartile range (1st and 
3rd quartile: bottom and top side of the box respectively), and 95% confidence interval (notches). The vertical axis is the 
attribute rating (1-5), and the horizontal axis represents the different loudspeaker configurations. The edge of dotted line 
represents maximum and minimum values. Data points beyond the whiskers are indicated as +. 
 
 

5 Conclusion  
The study shows that addition of virtual sources in 
the height layer leads to a significant improvement 
in perceived spatial attributes of envelopment and 
sound image width, and also enhances the listening 
experience. There are significant differences 
between localization test results for real and virtual 
TSL/TSR sources, which could be attributed to the 
fact that the speaker positions were not as accurate 

as required by VBAP. Also, it is known that the 
perceived phantom image near the center between 
two speakers could be affected by localization blur. 
The variation in spatial attribute ratings and 
preference across audio clips are likely due to the 
differences in audio mix quality, which needs to be 
examined further. Results in Figure 5 show that 
timbral quality is sometimes adversely affected by 
the addition of virtual sources, for example in Jazz 
and Hip hop, which could be mitigated by adaptive 
filtering techniques that will be investigated in future 
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work. In the next experiment, 9.1 + TFC/TBC, 9.1 + 
TSL/TSR, 9.1 + TFC/TBC/TSL/TSR virtual sources 
will be compared with real loudspeaker 
configurations - 11.1 (or 5.1.6: 9.1 + TFC/TBC), 
11.1 (9.1 + TSL/TSR), and 11.1 (9.1 + all) in terms 
of perceived spatial attributes. 
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