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ABSTRACT
The purpose of this study was to investigate preexisting algorithms for building an upmixing algorithm that
converts a stereo signal to 5.1 and 9.1 multi-channel audio formats. Using three algorithms (the passive surround
decoding method, the Least Mean Squares algorithm, the adaptive panning algorithm), a stereo audio signal was
upmixed to 5.1 and 9.1 in Max. The Max patch provides a GUI in which listeners can select one of the upmixing
algorithms and control EQ during playback. Perceptual Band Allocation (PBA) is applied for converting the
upmixed 5.1 channel audio to 9.1 that contains four height channels (top front left, top front right, top back left,
top back right). A subjective listening test was conducted in New York University’s MARL Research Lab. LMS
algorithm was found to provide more natural and spatial sounds than the other two algorithms. The passive
surround decoding method and the adaptive panning algorithm were found to show similar characteristics in
terms of low frequency and spaciousness.

1 Introduction
Today’s home audio playback systems offer great
features such as spatial attributes and envelopment
to movie or video game lovers. Unlike previous
stereo playback system, which provided only two
channels to listeners, left and right channels,
advanced playback systems such as Dolby Atmos,
DTS:X and Auro 3D offers not only 5.1 surround
sound but also height channels, which allows
listeners to experience an immersive sound in their
personal listening environment. With the advent of
multichannel audio formats, those who love movies
or video games are equipped with the capability of
utilizing substantially more loudspeakers than
before, being able to more closely achieve the feel
and sound that a theater provides in the comfort of
one’s own home. Furthermore, with these formats,
film-makers and video game companies has

considered how to utilize the sound scope by
placing the sound sources within a threedimensional environment, rather than just between
two speakers on the horizontal plane. Accordingly,
studies on multi-channel playback systems and
up/down-mixing algorithms for immersive audio
have been conducted substantially in recent years.
Upmixing algorithms allow for filmmakers and
game developers to reformat their previous films or
games for the newer playback formats.
In spatial audio, many different terms, such as
“spatial impression”, “envelopment” “LEV”,
“listener envelopment”, “spaciousness”, “Immersion” and “immersiveness”, are widely used to
describe how listeners experience 3D sound. Berg
found that there are some issues that occur when
trying to establish a clear definition of “envelopment” [1]. George and his colleagues indicated that
the definition of “envelopment” is unclear in many
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literatures and can vary depending on the context of
its method of use [2]. In order to establish a clear
definition of “envelopment,” George and his
colleagues proposed their own definition of
“envelopment”: sound is said to be enveloping if it
wraps around the listener [2]. Envelopment is
significant when evaluating the quality of threedimensional playback because of its representation
of vertical sound. Representing sound vertically is
to offer more spatial immersion to listeners,
whereas 5.1 or 7.1 provide listeners a surround
effect on a horizontal plane with an elevation angle
of zero degrees. Thus, it is worth it to investigate on
multichannel playback systems that provide not
only a horizontal layer but also a vertical layer of
the sound field.

perceptual band allocation (PBA) method can be
applied to provide four height channels to establish
9.1 multi-channel audio. To convert a two-channel,
stereo-phonic signal to a multichannel loudspeaker
configuration such as 9.1, it is required to examine
each up-mixing step in the converting process and
find the best resulting algorithms in terms of spatial
attributes such as envelopment, sound image width.
Upmixing is possible to branch out to 5.1, 7.1 and
other height channels sequentially. In the following
session, three stereo-to-5.1 upmixing algorithms
and PBA algorithm are reviewed. This study aims
to evaluate the stereo-to-9.1 upmixing algorithms
(5.1 upmixing algorithms + 2.0 kHz PBA) in terms
of envelopment, sound image width, and timbral
quality.

2 Motivation

3 Methodology

Among standardized loudspeaker configurations,
5.1 (center, left, right, surround left, surround right,
low-frequency effects) and 9.1 or 5.1.4 (5.1 + top
front left, top front right, top rear left, top rear right)
loudspeaker setups are beloved by high-end users
who want to have a nice home theater system when
considering some significant criteria such as price,
space and quality of sound. As the number of
loudspeakers increase, the accuracy in the direction
of the sound source can be enhanced, and highresolution enveloping 3D sound can be rendered.
As home theater users increase, a number of film
production companies and video game companies
have remixed their products with 5.1 and 7.1 sound
for the Blu-Ray release. Although multi-channel
loudspeaker
configurations
and
upmixing
algorithms have been developed for decades, there
is still great potential to enhance the quality of
spatial attributes with a limited number of
loudspeakers. In the previous research and literature,
the passive surround decoder (PSD), Least mean
squares (LMS) and adaptive panning (ADP)
algorithms were designed and introduced as stereoto-5.1 upmixing methods. These three algorithms
showed great results in terms of envelopment,
timbral quality, and spatial quality, rather than other
upmixing methods [3][4][6]. Hence, PSD, LMS,
and ADP were selected for the experiment in this
paper. After upmixing a stereo signal to 5.1,

To convert a two-channel, stereophonic signal to a
multichannel loudspeaker configuration such as 9.1,
it is required to examine each up-mixing step in the
converting process and find the best resulting
algorithms in terms of spatial immersion and
envelopment, since there are several different ways
to up-mix the original signal to intended
multichannel loudspeaker setup. Upmixing is
possible to branch out to 5.1, 7.1 and other height
channels sequentially. In this section, four main
up-mixing algorithms used for the project are
reviewed. Figure 2 shows the overall upmixing
workflow.
3.1 The Passive Surround Decoder
The passive surround decoding (PSD) method
(Figure 1) is designed as an early passive version of
Dolby’s surround decoder [3].

Figure 1. The passive surround decoder
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Figure 2. Procedure for the proposed stereo-to-9.1 upmixing algorithm

The center channel can be produced by adding the
original left and right channel, whereas the two
surround channels are obtained by subtracting one
channel from the other channel. The following
equations are described as follows:

outputs 𝑦 𝑛 , which is a linear combination of the
input signals. In the filter, filter coefficient 𝑤 𝑛 is
adapted based on the error signal at the current
time. The LMS-based up-mixing algorithm can be
described by following three equations:

𝐶𝑒𝑛𝑡𝑒𝑟 𝑛 = (𝑥! 𝑛 + 𝑥! 𝑛 )/ 2

(1)

𝑦 𝑛 = 𝑥! 𝑛 𝑤 𝑛 = 𝑤! 𝑛 𝑥 𝑛

(3)

𝑆𝑢𝑟𝑟𝑜𝑢𝑛𝑑 𝑛 = (𝑥! 𝑛 − 𝑥! 𝑛 )/ 2

(2)

𝑒 𝑛 =𝑑 𝑛 −𝑦 𝑛

(4)

𝑤 𝑛 + 1 = 𝑤 𝑛 + 2𝜇𝑒 𝑛 𝑥 𝑛 ,

(5)

where n is time index and 𝑥! 𝑛 and 𝑥! 𝑛
represent left and right channel signal values
respectively. Given center and surround signals are
divided by 2 in order to maintain a constant
acoustic energy by lowering the sound level by 3dB.
3.2 The LMS-based Upmixing Method
The LMS-based up-mixing technique is derived
from a de-correlation technique of the LMS
algorithm [4]. The LMS filter uses the left channel
as the desired signal 𝑑 𝑛 and the right channel
𝑥 𝑛 as the input of a 16-tapped FIR filter (Figure
3) that provides the coefficient vector 𝑤 𝑛 and

where 𝑒 𝑛 is the error signal that is the decorrelation part between the output of the FIR filter
and the desired signal, 𝑥 𝑛 = 𝑥 𝑛 , 𝑥 𝑛 − 1 ,
𝑥 𝑛 − 2 , . . . , 𝑥 𝑛 − 𝑝 + 1 , 𝑤 𝑛 = [ℎ0 𝑛 ,
ℎ1(𝑛), ℎ2 𝑛 , . . . , ℎ𝑝 − 1(𝑛)], and 𝜇 is a constant
step size. In the above equations, 𝑛 represents the
number of the current input sample, and 𝑝 is the
number of filter taps. The error signal 𝑒 𝑛 is
considered as an un-correlated part that contains
ambience and used for the surround channel,
whereas 𝑦 𝑛 is considered as the center channel
[3].
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3.4 Perceptual Band Allocation

Figure 3. An adaptive filter using LMS algorithm

3.3 The Adaptive Panning Method
The adaptive panning method designed by Irwan
and Aarts produces the center and the surround
channels by estimating the panning weight vectors
𝑤 𝑛 corresponding to the left and the right
channels, using the LMS algorithm [5]. A linear
combination of the input stereo signals 𝑦 𝑛 can be
defined as
𝑦 𝑛 = 𝑥! 𝑛 𝑤 𝑛 = 𝑤! 𝑛 𝑥 𝑛 ,

(6)

where 𝑦 𝑛 = 𝑥! 𝑛 𝑥! 𝑛 ! and 𝑤 𝑛 =
𝑤! 𝑛 𝑤! 𝑛 ! . The following equations describe
how to obtain the elements of the two weight
vectors:
𝑤! 𝑛 + 1 = 𝑤! 𝑛 − 𝜇𝑦 𝑛 𝑥! 𝑛 − 𝑤! 𝑛 𝑦 𝑛

(7)

𝑤! 𝑛 + 1 = 𝑤! 𝑛 − 𝜇𝑦 𝑛 𝑥! 𝑛 − 𝑤! 𝑛 𝑦 𝑛 , (8)

where 𝜇 is a constant step size and set to 10!!" [6].
Given two weight vectors can be used for panning
the original stereo signals. The dominant
signal 𝑦 𝑛 and the remaining signal 𝑞 𝑛 can be
represented as
𝑦 𝑛 = 𝑤! 𝑛 𝑥! 𝑛 + 𝑤! 𝑛 𝑥! 𝑛
𝑞 𝑛 = 𝑤! 𝑛 𝑥! 𝑛 − 𝑤! 𝑛 𝑥! 𝑛 ,

(9)
(10)

where 𝑦 𝑛 corresponding to the correlated part is
used as the center channel, while the de-correlated
part 𝑞 𝑛 is considered as the surround channels
[4].

Hyunkook Lee proposes perceptual band allocation
(PBA) in his paper [7][8]. In his literature, fourchannel ambience signals recorded in a concert hall
using the Hamasaki Square microphone technique
are modified by applying low-pass and high-pass
filter and routed to lower and upper loudspeaker
layers to reproduce 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. To apply PBA method to this
study, based on the same principle, 5.1 channels
upmixed from a stereo signal are separated into low
and high frequency bands at crossover frequency of
1-2 kHz. In this study, the crossover frequency is
set to 2.0 kHz. By decomposing the extracted
signals into two frequency bands, the high
frequency band can be represented in height
loudspeakers, while the low frequency band can be
represented in lower loudspeaker layer.
3.5 Low-Pass Filters and ±𝟗𝟎 Phase Shifter
When experiencing 5.1 or higher multichannel
audio contents, center channel can be modified by
applying a low-pass filter with a cut-off frequency
at 4 kHz, so that audio contents such as voice and
dialog can be emphasized when they are played
through the center channel speaker [3].
Additionally, the low frequency enhancement
(LFE) channel can be obtained by applying a FIR
low-pass filter to the original stereo signal. A lowpass filter also can be used to surround-channels to
simulate a high-frequency absorption effect.
Since surround-left and surround-right channels are
intended for offering ambience and spatial
attributes, artificial spaciousness can be produced
by adding time delay or phase shifter to the
surround channels with the help of a discrete
Hilbert transform [9].
3.6 Subjective Tests
Based on the upmixing algorithms that are
reviewed in the previous section, a Max patch was
built. The max patch allows the user to select one of
the upmixing algorithms, and based on the selection
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it will process the audio accordingly. For example,
by clicking the PBA Upmix Height Layer button,
the upmixed 5.1 sounds are converted to 9.1. In the
subjective test, upmixed 9.1 channels were
compared.
3.6.1 Subjects
A subjective listening test was conducted in the
MARL Research Lab, a room explicitly designed
for immersive audio. Ten participants (N = 10), all
graduate students enrolled in the Music Technology
program at New York University, took part in the
study. All participants, aged between 22 and 33
with a median age of 24.5, had some experience
with music technology and/or spatial audio in some
form, with a median experience of 4.5 years. The
listeners were seated in the middle of 9.1
loudspeaker configuration consisting of Genelec
8030A speakers.
3.6.2 Stimuli
The stimuli used for the listening test were selected
to represent a diverse range of sounds that a typical
user of a 9.1 loudspeaker configuration might
experience. 12 audio clips, each 20seconds long,
originally stereo mixed, were used in the test as
described in Table 1. The sampling frequency and
bit depth of the stimuli were 48 kHz and 24 bits,
respectively.
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 1. Stimuli for Subjective Test

The loudspeakers are arranged as shown in Table 2,
in a configuration based on the 5.1 and ¾
loudspeaker layout of the recommendation ITU-R
BS.1116.
Channel
C
L, R

Azimuth
±0°
±30°

Remark
Center
Left & Right

SL, SR

±110°

TFL, TFR

±30° & 30~45° H

TBL, TBR

±110° & 30~45° H

Surround
Left & Right
Top Front
Left & Right
Top Back
Left & Right

Table 2. 9.1 Loudspeaker Configuration

To address the main objective of the study, three
upmixing algorithms (PSD + 2.0kHz PBA, LMS +
2.0kHz PBA, ADP + 2.0kHz PBA) were compared
in 9.1 reproduction methods. The participants sat in
the center of the room, the sweet spot for surround
sound listening. Before the trials began, a short
training session was carried out to explain the
definition of envelopment, sound image width, and
timbral quality. The descriptions of each of the
attributes is given as below:
• Envelopment: The extent to which the sound
envelops or surrounds the listener.
• Sound Image Width: Broadness of environment within which individual sound sources
are located.
• Timbral Quality: Quality that differentiates
sounds with the same pitch and loudness.
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Subjects were allowed to change and compare the
upmixing algorithms during the playback. After
listening, subjects were asked to rate the
envelopment, sound image width and timbral
quality of the music on a 5-point Likert scale from
1 (very weak) to 5 (extremely strong). Subjects
were also asked to report about differences between
the upmixing algorithms and their preferences.

4 Results
An ANOVA conducted on the results of the spatial
attributes test (α = 0.01) shows that there is a
statistically significant difference in the aspect of
sound image width (p < 0.01, F = 11.67904), the
LMS algorithm shows greater sound image width
than the PSD and ADP algorithms (Figure 4). In
sound image width, LMS+PBA algorithm received
the highest score in sound image width, followed
by the ADP+PBA algorithm.

Figure 4. Boxplots of the ANOVA results for stereo-9.1 upmixing algorithms with PBA 2.0 kHz. Each box plots a median
value (2nd quartile, red line), interquartile range (1st and 3rd quartile: bottom and top side of the blue box respectively) and 95%
confidence interval (notches) of the data for the corresponding upmixing algorithm. The vertical axis is the attribute rating (15), and the horizontal axis represents the different upmixing algorithms. Top and bottom whiskers indicate the highest and
lowest values. Data points beyond the whiskers are indicated using +.
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On the other hand, tested algorithms did not show
any significant differences in envelopment and
timbral quality (p > 0.05).
The results (Figure 5) show that the LMS algorithm
had a more natural sound, because of the acoustic
energy from the center loudspeaker. Subjects
reported the sound coming from the center channel
was too loud in both PSD and ADP algorithm,
which especially amplified the low frequency
although the volume of the center channel is
attenuated. On the other hand, the LMS algorithm
maintained overall acoustic energy coming from all
loudspeakers and adjusted the loudness balance.
PSD and ADP were found to have similar timbral
quality, compared to the LMS algorithm. Although
there were no significant differences between the
PSD and ADP algorithms in terms of envelopment
and timbral quality, subjects prefer the ADP or
LMS algorithm rather than the PSD algorithm, as
shown in Figure 6. Although there is no big

difference in envelopment and timbral quality
statistically, Figure 4 shows that the ADP algorithm
got higher scores than the PSD algorithm in the
aspect of envelopment and sound image width at
over half of stimuli.

Figure 6. Mean participant preferences for each audio clip. Vertical axis indicates the percentage of participants, and the
horizontal axis the audio clip number.
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Figure 5. Boxplots of spatial attributes test results for stereo-9.1 upmixing algorithms with PBA 2.0 kHz. Vertical axis
represents the attribute rating (1-5) and horizontal axis the loudspeaker configurations. Each box plots a median value (2nd
quartile) and interquartile range (1st and 3rd quartile) of the data for the corresponding genre of stimuli, and the top and
bottom whiskers indicate the highest and lowest 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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5 Discussion & Future Work
A stereo-to-9.1 upmixing algorithm was introduced
and evaluated in this paper. To convert a stereo file
to 5.1, three algorithms (PSD, LMS, ADP) were
used and selectable in real-time during playback.
Additional four height channels can be produced by
separating the upmixed 5 channels (left, center,
right, surround left, surround right) into two
frequency bands, with the help of the PBA
algorithm. The amount of perceived envelopment
can vary depending on the bandwidth of the source
signal and the crossover frequency. A listening test
will be conducted to compare various genres of
music such as pop, rock, jazz, and classical music.
For future work, Phantom loudspeakers can be
added to the completed 9.1 configuration by using
Vector-base Amplitude Panning (VBAP), for more
envelopment. Along with the 9.1 channels,
additional virtual surround sound channels can be
produced for the experiment. Multiple phantom
images in different location will be evaluated based
on clarity, localization, and added envelopment
through a subjective listening test. With the help of
VBAP, two side channels can be positioned on the
left and right side of a listener and represented in
the lower loudspeaker layer. The virtual sound
sources (VSS) channels will be represented using
the VBAP method with adjacent two loudspeakers.
For example, the virtual surround left (SL) channel
can be generated by using VBAP between the left
and back left loudspeakers while the virtual
surround right (SR) channel can be generated by
the right and the back right loudspeakers.
Consequently, 7.1.4 (9.1 + virtual SL, SR) can be
established. By applying the PBA technique to
surround left (SL) and surround right (SR) signals,
top surround left (TSL) and top surround right
(TSR) channels can be generated. Similar to how
the center channel can be generated in the lower
later, top front center (TFC) and top back center
(TBC) channels can also be generated using two
adjacent loudspeakers in the height layer (Figure 6).

Figure 6. Loudspeaker configuration and VSS location
on 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. 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 [10][11]. For the upmixed
9.1 multi-channel configuration using VSS will be
evaluated and compared in terms of envelopment,
localization, vertical image spread (VIS), personal
preference and timbral quality through a subjective
test.
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