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ABSTRACT 

Multichannel auditory displays and Immersive Audio Systems are frequently integrated with video displays. Often, 
in these applications, the video display placement makes it difficult to place the centre speaker in front of the 
listener. A solution to this problem is to create a phantom centre channel in front of the listener using speakers 
placed elsewhere. Conventionally, phantom sources can be created by amplitude-panned techniques in the horizontal 
plane. However, since it is practical and aesthetic to have speakers above or below the video display, in this paper, 
we propose a technique to create a centre phantom at 0o elevation and 0o azimuth to the listener using two vertically 
separated speakers placed above and below the horizontal plane at 0o azimuth. The phantom centre is created using 
inverse filtering techniques. This technique can also be extended to create phantom sources in the median plane. 

 

1. INTRODUCTION 

Auditory source localization in the horizontal plane is 
possible through Interaural Intensity and Time 
Differences (IID and ITD) cues. Current techniques 
such as constant amplitude panning, constant power 
panning and 2D VBAP (Vector Based Amplitude 
Panning) [1] use this property of the human auditory 
system to render phantom sources in the horizontal 
plane. However, in the median plane, additional pinna 
and head shadowing effects (together known as Head 

Related Transfer Function: HRTF cues) are used for 
localization [3]. Thus to create a phantom source in the 
median plane it is necessary to implement inverse 
filtering and filter modelling techniques. Due to the 
non-minimum phase [6] nature of measured impulse 
responses of room plus HRTF, inversion of a measured 
transfer function is an ill-posed problem. 
Adaptive filters [5] are well suited for these applications 
where stable Finite Impulse Response (FIR) filters that 
invert or model the frequency response of the measured 
impulse responses can be obtained. In this work we 
create centre phantom at 0o elevation and 0o azimuth to 
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the listener using two vertically separated speakers 
placed above and below the horizontal plane at 0o 
azimuth (Figure 1). The frequency response of the 
combined output of the top and bottom speakers is 
matched to the measured frequency response of the 
centre speaker.  We implement this using the Least 
Mean-Squared (LMS) algorithm [4] to invert the 
speaker-HRTF response of the top and bottom speaker, 
which then combine to model the speaker-HRTF 
response of the centre speaker.  Similar adaptive filter 
based inverse filtering techniques have been 
successfully used in crosstalk cancellation [2]. This 
method can also be extended to real-time audio panning 
where phantom sources can be moved to locations 
above or below the listener/horizontal plane.  
 

It is known that the human acoustic source 
localization in the median plane is dependent on the 
relative spectral power differences in frequency bands 
above 5kHz and the auditory system does not discern 
the minute spectral patterns in those frequencies [3].  
For example a dip in the 6-10kHz-frequency range and 
a peak around 11-kHz for frontal incidence are elevation 
dependent, and are some characteristics that need to be 
modelled for synthesizing phantom sources. Thus the 
frequencies above 5 kHz are of particular interest for 
elevation cues and vertical panning in HRTF based 
techniques. 

 
 The organization of this paper is as follows: first 

the experimental set-up that includes the speaker set-up 
and the measurement process is described. Then the 
LMS based algorithm for inverse filtering followed by 
the listening tests performed is discussed. Finally this 
paper concludes with the results and the conclusions 
drawn. 

2. EXPERIMENTAL SETUP 

2.1. Speaker Set-up 

The speaker set-up is illustrated in Figure 1. The light 
grey boxes WT and WB are filters, and are not physically 
present. 
 
Three similar speakers (M&K Satellite-150) are placed 
at +30 (top speaker), 0 (centre speaker) and –30 (bottom 
speaker) degrees elevation and 0 degrees azimuth to the 
listener. The separation between the listener and the 
speakers is 1.47 m. 
 

The top and bottom speakers were tilted such that the 
acoustic centres of the speakers are aligned with the 
acoustic centre of the listener’s head. All the three 
speakers were placed on an adjustable wire-frame shelf. 
The shelves could be moved in the vertical direction, 
and adjustments to the order of 25mm can be made. The 
speaker set-up was placed in an acoustically treated 
room.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1 Set-up for centre phantom using 2 vertically 
displaced speakers, (side view). 

  

2.2. Alignment and Measurements 

In the experiment, pre-processed audio samples are 
played from the top and bottom speakers such that they 
match the frequency response of the centre speaker. As 
a first step, the combined frequency response of the top 
and bottom speaker was equalized to the frequency 
response of the centre speaker to minimize spectral 
mismatches.  The speakers were equalized using THX 
R2 spectrum analyser and a 2-channel RANE GE-60 
graphic equalizer.  They were also level matched using 
a B&K Investigator sound level meter, and narrow-band 
pink noise. The sound level meter was placed at the 
position of the centre of the listener’s head. 

 
Then, the impulse responses for the top, bottom and 

centre speakers were measured by playing Log-Chirp 
sequences at 50kHz sample-rate using the SYSID labs 
SYSID 6.5 system. An Etymotic Research microphone 
was used for the measurements; it was attached to the 
left ear of the KEMAR mannequin placed at the 
position of the listener. The impulse responses were pre-
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processed by truncating to ten-millisecond length and 
1/3rd octave smoothing (magnitude and phase) provided 
with the software. 

 
The exact head position of KEMAR was marked 

using a 2mm thick string drawn from one side to the 
other, and a knot on the string marked the centre of the 
chin. Later, the listeners were asked to align their chin 
to this knot. This non-intrusive technique was devised to 
align the listener’s head to the same position as 
KEMAR’s head.  

2.3. LMS based algorithm 

The inversion filters, WT and WB were designed 
using the LMS algorithm. The creation of a phantom 
centre can be represented mathematically as: 

�
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k
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k
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WB (k) HB (n-k)  
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Where HT, HB and Hc are the measured responses of the 
speaker-room-HRTF of the top, bottom and centre 
speakers respectively. The above equation state that by 
filtering the outputs of the top and bottom speakers by  
WT and WB respectively, the combined frequency 
response of these speakers can be designed to have the 
frequency response of the centre speaker (HC), thus 
creating a centre phantom and eliminating the need of 
having a speaker for the centre channel in front of the 
listener. WT and WB  are designed offline by using the 
dual-LMS adaptive filters shown in Figure 2. In this 
configuration the two LMS filters are allowed to adapt 
independently at each iteration, with independent m, 
a  and power parameters. This scheme is a combination 
of channel inversion and channel modelling 
configurations commonly used in LMS filter training. 
The combination of WT and WB invert HT and HB and 
model HC. 

 
To have causal LMS filters, a delay D was added in 

the path of WT and WB not shown in the diagram. The 
value of D that minimizes of the following mean-square 
error measure: 
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was finally chosen. Here R (n) is the left hand side of 
equation (1) and x(n) is a broadband pink noise 
sequence. The plot in Figure 3 shows the mean-square 
error as a function of D, the minimum value was 
obtained at D=234.  
 
 
 

 

 

 

 

 

 

Figure 2 Scheme for training the top and bottom LMS-
adaptive inversion filters. Note: the delay required  for 

causal filters is not shown 

Figure 3 The mean-squared error as a function of delay 
D when training the LMS filters WT and WB 

 
The similarity in the frequency response of the 

measured HC and the combination of HT *  WT + HB *  
WB is shown in Figure 4. In the frequency range of 
interest for elevation cues, i.e. between 5kHz and 15kHz 
the magnitude error between the frequency responses 
was found to be within 0.7dB. The mismatch in the 
lower frequencies is due to loss of frequency resolution 
as a result of impulse response truncation. Broadband 
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pink noise was used as the training sequence for the 
LMS. The lengths of the filters were 512 taps each. The 
audio samples were processed offline using the obtained 
LMS filter WT and WB for the listening tests. 

 
 

LMS Convergence issues: In this paper, two LMS 
filters are adapted independently to invert two separate 
filters (HT and HB) and model a single filter (HC) by 
using one single error signal between the desired signal   
d (n) and a linear combination of outputs of the two 
filters  : yT(n) and yB(n) 
 
Where, 
                              d (n)= HC(n) * x(n)                          (3)             
 
        yT(n)= WT(n) * x(n), and yB(n)= WB(n) * x(n)       (4) 
 
 

Figure 4. Frequency response of the centre 
HRTF/speaker transfer function HC and the frequency 
response modelled by the LMS inversion filters WT and 
WB combined as per equation 1. 
 
Thus the error e (n) k for the kth iteration for adaptation 
 
                        e(n) k =d (n) k- yT(n) k - yB(n) k                      (5)  

 

In vector form this can be rewritten as: 
 
                            ek=d k - [ W

t
TX + W t

BX]                  (6) 
Again, 
       ek = d k -W

tX                  (7) 
 
 
Where, 

    W=WT + WB                            (8) 
This is similar to equation (2) in  [4]. Following the 

remaining steps illustrated in [4]; it can be shown that 

the LMS filters would converge. Since the LMS training 
was done offline the filters were allowed to adapt for 
5x104 iterations. 

2.4. Listening tests 

The objective of the listening tests was to compare the 
phantom centre created by playing the processed audio 
tracks (the HRTF inversion technique proposed here) to: 

1. A phantom centre that would be created by 
simply playing unprocessed tracks over the top 
and bottom speakers with equal power output, 
and 

2. To the real centre by playing the unprocessed 
clip through the centre speaker. 

And thus determine the effectiveness of the HRTF 
inversion technique. 

19 graduate students (16 male and 3 female 
students) at the University of Southern California 
volunteered as subjects for the listening tests. The mean 
and the standard deviation of the age of the subjects was 
25 and 1.51 years respectively. None of the subjects had 
any known hearing problems, or had any previous 
experience with HRTF based source localization. The 
speakers were placed behind a thin acoustically 
transparent black cloth so that the positions of the 
speakers were not visible to the listeners. 

   Sixteen individual listening tests were performed 
on each subject. The audio clips comprised of anechoic 
recordings of an acoustic guitar, cello, trumpet and a 
piano each playing solo.  Each instrument covered 4 
listening tests. Each clip was approximately 7-12 
seconds long. 
Each listening test consisted of three audio clips that 
were played. The first clip was a reference. It was the 
raw unprocessed audio clip of the respective instrument 
played out through the centre speaker. It was used as a 
training step to aid the listener judge the centre. The 
second and third clips played, labelled as SAMPLE-A 
and SAMPLE-B were chosen randomly from one of the 
three: 

1. Processed tracks through top and bottom 
speaker. 

2. Unprocessed tracks through the top and bottom 
speaker 

3. Unprocessed track through the centre speaker 
(the real centre). 

 The listeners were expected to respond with an A 
or B answer at the end of each test as an answer to the 
question “which clip amongst A or B, seem to be coming 
from the centre similar to the first real centre reference 
clip that was played?”  This response was recorded on 
paper. 
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 All the sample clips for the were played from a 
Digidesign DIGI-001 system using ProTools 5.1.5 

2.5. Results and Discussion 

In all, there were 9 tests per subject that played the 
processed clips and the unprocessed clips as SAMPLE-
A and SAMPLE-B and 7 tests per subject that played 
the processed or unprocessed with the real centre as 
SAMPLE-A and SAMPLE-B. The effectiveness of the 
HRTF inversion technique in creating the centre 
phantom was measured in percentage as: 
 
 
 

 
 

The mean % was found to be 58.5 % with a 
standard deviation of 22%.  And % listener accuracy 
was measured as : 
 
 
 
 
 
 
The accuracy was found to be 85% with a standard 
deviation of 16%. This result indicates the accuracy of 
the listeners to perceive the actual centre correctly. 
 
Empirically, it is seen that the results obtained here are 
inadequate to suggest that the HRTF inversion 
technique proposed is more effective in rendering a 
phantom centre than the raw audio clips played over the 
top and bottom with equal power. However an 
effectiveness value close to 60 % suggests that this 
technique is effective for this application. A detailed 
look at the results indicates that certain listeners perform 
very well in terms of choosing the processed files as the 
centre while others have a contrary choice to the prior. 
Also, a relatively high standard deviation also suggests 
the un-trained nature of the subjects in the experiment. 
Some listeners pointed out that there was an apparent 
spectral split observed by them during the tests. For 
them, the low frequencies seem to come from the 
bottom speaker and the high frequencies from the top. 
This can cause certain negative cues for phantom centre 
localization. There are certain limitations in this form of 
experimentation and there is room for certain 
modification that may improve the results. These points 
and future work are discussed in the following section. 

2.6. Conclusion an future work 

For better results, an important improvement would be 
to minimize the spectral split perceived by the listeners 
by having a different implementation of speaker 
equalization. Due to variations in head and pinna 
shapes, using the KEMAR mannequin as an effectively 
a recording instrument for listening over speakers also 
needs to be addressed for this problem. Using trained 
subjects rather than untrained subjects can perform a 
more reliable and consistent listening test. 

For future work, we wish to extend it to real-time 
audio panning to pan virtual sources beyond the 
horizontal plane using the computationally efficient 
LMS algorithm in an online configuration. Clustering 
techniques could be incorporated to extend the 
effectiveness to multiple listener position. 
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