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ith the strong growth of assistive and per-
sonal listening devices, natural sound ren-

dering over headphones is becoming a 
necessity for prolonged listening in multime-

dia and virtual reality applications. The aim of 
natural sound rendering is to naturally recreate the sound scenes 
with the spatial and timbral quality as natural as possible, so as to 
achieve a truly immersive listening experience. However, render-
ing natural sound over headphones encounters many challenges. 
This tutorial article presents signal processing techniques to 
tackle these challenges to assist human listening.

INTRODUCTION
Sound is an inherent part of our everyday lives for information, 
communication, and interaction. Sound improves situational 
awareness by providing feedback for actions and situations that 
are out of the view of the listener. An advantage of sound is that 
multiple sound sources can be perceived from any location 

around the head in the three-dimensional (3-D) space [1]. The role 
of natural 3-D sound, or spatial sound, in high-stress applications, 
like flight navigation and communication systems, is indisputable 
[1]. Naturally rendered sound has also been proven to be beneficial 
in personal route guidance for visually impaired people and in 
medical therapy for patients [1]. Last but not least, the ever-grow-
ing market of consumer electronics calls for natural sound ren-
dering for digital media, such as movies, games, and augmented, 
virtual reality applications like teleconferencing.

In most of these applications, listening is seldom from the phys-
ical sound sources but is instead from playback devices, such as 
headphones or loudspeakers. Headphones, by virtue of their conve-
nience and portability, are typically chosen as the preferred play-
back device, especially for personal listening. Therefore, to assist 
headphone listening, it is critical for the sound to be rendered in a 
way that listeners can perceive it as natural as possible. In this con-
text, natural sound rendering essentially refers to rendering of the 
original sound scene using headphones to create an immersive lis-
tening experience and the sensation of “being there” at the venue of 
the acoustic event. To achieve natural sound rendering, the virtual 
sound rendered should exactly emulate all the spatial cues of the 
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original sound scene, as well as the 
individual spectral characteristics of 
the listener’s ears. In this article, we 
mainly consider the most widely used 
channel-based audio as the input sig-
nals for the natural sound rendering 
system, though some of the signal 
 processing techniques discussed 
could also be used in other audio for-
mats, such as object-based format and 
ambisonics [2], [3]. 

In recent years, the design criteria 
for commercial headphones have undergone significant develop-
ment. At Harman International Industries, Olive et al. investigated 
the best target responses for designing headphones based on the lis-
tener’s preference for the most natural sound [4]. Creating realistic 
surround sound in headphones has become a common pursuit of 
many headphone technologies such as Dolby, DTS, etc. Further-
more, a personalized listening experience and incorporation of the 
information of listening environment have also been trends in the 
headphone industry. These trends in headphones share one com-
mon objective—to render natural sound in headphones.

CHALLENGES
The listening process in humans can generally be considered as a 
source-medium-receiver model, as stated by Begault [1]. This 
model is used in this article to highlight the differences between 
natural listening in a real environment and listening via head-
phones. In natural listening, we listen to the physical sound 
sources in a particular acoustic space, with the sound waves 
undergoing diffraction, interference with different parts of our 
morphology (torso, head, and pinna) before reaching the eardrum. 
This information of sound wave propagation can be encapsulated 
in spatial digital filters termed head-related transfer functions 
(HRTFs) [1]. Listeners also get valuable interaural cues for sound 
localization with head movements. However, headphone listening 
is inherently different from natural listening as the sources we are 
listening to are no longer physical sound sources but are recorded 
and edited sound materials. These differences between natural and 
headphone listening lead to various challenges in rendering natu-
ral sound over headphones, which can be broadly classified into 
categories from the perspectives of source, medium, and receiver, 
as described next.

source
The sound scenes rendered for headphone listening should com-
prise not only the individual sound sources but also the features of 
the sound environment. Listeners usually perceive these sound 
sources to be directional, i.e., coming from certain directions. 
Moreover, in most of the digital media content, the sound environ-
ment is usually perceived by the listener to be diffuse (partially). 
This perceptual difference between the sound sources and the 
sound environment requires them to be considered separately in 
natural sound rendering [2]. Though there are other formats that 
can represent the sound scenes (e.g., object based, ambisonics), the 

convention for today’s digital media 
is still primarily a channel-based for-
mat. Hence, the focus of this article 
lies in the rendering of channel-based 
audio, where sound source and envi-
ronment signals are mixed in each 
channel [2]. In channel-based sig-
nals, where only the sound mixtures 
are available (assuming one mixture 
in every channel), it is necessary to 
extract the source signals and envi-
ronment signals, which can be quite 

challenging. Furthermore, most of the traditional recordings are 
processed and mixed for optimal playback over loudspeakers 
rather than headphones. Direct playback of such recordings over 
headphones results in an unnatural listening experience, which is 
mainly due to the loss of crosstalk, and localization issues. 

medium
Headphone listening does not satisfy free-air listening conditions 
as in natural listening. Since the headphone transfer function 
(HPTF) is not flat, equalization of the headphone is necessary. 
However, this equalization is tedious and challenging as the head-
phone response is highly dependent on the individual anthropo-
metrical features and also varies with repositioning.

receiver
The omission of listener’s individualized filtering with the outer 
ear in headphone listening often leads to coloration and localiza-
tion inaccuracies. These individualized characteristics of the lis-
tener are lost when the sound content is recorded or synthesized 
nonindividually, i.e., the subject in the listening is different from 
the subject in the recording or synthesis. Furthermore, the sound 
in headphone listening is not adapted to the listener’s head move-
ments, which departs from a natural listening experience. 

SIGNAL pROCESSING TECHNIqUES
To tackle the aforementioned challenges and enhance natural 
sound rendering over headphones, digital signal processing 
techniques are commonly used. In Figure 1, we summarize the 
differences between natural listening and headphone listening 
and introduce the following corresponding signal processing 
techniques to tackle these challenges:

 ■ Virtualization: to match the desired playback for the digi-
tal media content 

 ■ Sound scene decomposition using blind source separation 
(BSS) and primary-ambient extraction (PAE): to optimally 
facilitate the separate rendering of sound sources and sound 
environment 

 ■ Individualization of HRTF: to compensate for the lost or 
altered individual filtering of the sound in headphone 
listening 

 ■ Equalization: to preserve the original timbral quality of 
the source and alleviate the adverse effect of the inherent 
headphone response 

TO ACHIEvE NATURAL  
SOUND RENDERING, THE  

vIRTUAL SOUND RENDERED  
SHOULD ExACTLy EmULATE  

ALL THE SpATIAL CUES Of THE  
ORIGINAL SOUND SCENE, AS  

WELL AS THE INDIvIDUAL  
SpECTRAL CHARACTERISTICS  

Of THE LISTENER’S EARS.
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 ■ Head tracking: to adapt to the dynamic head movements 
of the listener.
The following sections describe in detail the virtualization and 

its interaction with head tracking, sound scene decomposition, 
individualization, and equalization. These signal processing tech-
niques are integrated and evaluated using subjective tests.

vIRTUALIzATION
In digital media, sound is typically mixed for loudspeaker playback 
rather than headphone playback. The spatial sound to be rendered 
naturally over headphones should emulate the natural propagation 
of the acoustic waves emanating from the loudspeaker to the ear-
drum of the listener. To emulate stereo or surround sound loud-
speaker rendering over headphones, virtualization techniques based 
on HRTFs corresponding to the loudspeaker positions are commonly 
used. Given these acoustic transfer functions (i.e., HRTFs), the virtu-
alization technique is applicable to any multichannel loudspeaker 
setup, be it stereo, 5.1, 7.1, 22.2, or even loudspeaker arrays in wave-
field synthesis. As shown in Figure 2(a), for every desired loudspeaker 
position, the signal in the mth channel x nm ^ h is filtered with the 
corresponding HRTF ,  ,h n h nxmL xmR^ ^h h  and summed before 
being routed to the left and right ears [1], [5], respectively, as: 
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where * denotes convolution and M  is the total number of chan-
nels. When the HRTFs are directly applied to multichannel loud-
speaker signals, the rendered sound scenes in headphone playback 
suffer from inaccurate virtual source directions, lack of depth, and 
reduced image width [5], [6].

To solve these problems in virtualization of multichannel loud-
speaker signals and achieve a faithful reproduction of the sound 
scenes, the HRTFs should be applied to the individual source sig-
nals that are usually extracted (using BSS and PAE) from the loud-
speaker signals (i.e., mixtures). In this virtualization [as shown in 
Figure 2(b)], the sources are rendered directly using the HRTFs of 
the corresponding source directions ,  h n h nskL skR^ ^h h
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where K  is the total number of sources, s nk ^ h is the kth  source 
in the multichannel signal, and the environment signals 

,  a n a nL R^ ^h h are the rendered signals representing the sound 
environment perceived by two ears. To render the acoustics of the 
environment, the environment signals can be either synthesized 
according to the sound environment [7] or extracted from the 
mixtures. Techniques like decorrelation [5], [8] and artificial rever-
beration [9] are commonly employed to render the environment 
signals to create a more diffuse and natural sound environment. 

[fIG1] A summary of the differences between natural listening and headphone listening and the corresponding signal processing 
techniques to solve these challenges for natural sound rendering. The main challenges and their corresponding signal processing 
techniques in each category (source, medium, and receiver) are highlighted and their interactions (not shown here) are further 
discussed in the article.
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Furthermore, adding the rever-
beration of sources (or the loud-
speaker signals in virtualization of 
multichannel loudspeaker signals) 
can also improve the realism of the 
reproduced sound scene [10]. There-
fore, in virtualization, it is quite com-
mon to use BRIRs  [1], [5] that 
encapsulate HRTFs and reverbera-
tion. Accordingly, selecting the cor-
rect amount of early reflections as 
well as late reverberation is critical to 
recreate a faithful sound environ-
ment [1]. In general, the BRIR that 
matches the sound environment of the scene or BRIR of a mix-
ing studio are considered to be more suitable [4]. As discussed 
in the section “Challenges,” natural sound rendering requires 
the accurate reproduction of both the sound sources and the 
sound environment. Compared to the virtualization of multi-
channel loudspeaker signals [Figure 2(a)], the latter technique of 
virtualizing the source and environment signals [Figure 2(b)] is 
more desirable as it is closer to natural listening [6], [8], [9]. These 
virtualization techniques can also be incorporated into spatial 
audio coding systems, such as binaural cue coding [11], spatial 
audio scene coding [5], and directional audio coding [3].

In virtualization, the directions of the sources [or the loud-
speakers in virtualization of multichannel loudspeaker signals as 

in Figure 2(a)] have to be calibrated 
according to the head movements 
(as in natural listening). To fulfill this 
need, the HRTFs/BRIRs in the virtu-
alization are updated on the fly based 
on these head movements, which are 
often tracked by a sensor (e.g., accel-
erometer, gyroscope, camera, etc.). 
The latency between the head track-
ing and sound rendering should be 
such that the localization accuracy is 
not affected [12]. When incorporated 
in the virtualization process, such a 
head-tracking system can provide 

useful dynamic cues to resolve the localization conflicts [1] and 
enhance natural sound rendering [10], [12]. It shall be noted that 
head tracking is more critical for the directional sources but less 
important for the diffuse signals like environment signals and late 
reverberation [12]. This is because the perception of diffuse signals 
is less affected by head movements. 

Recreating the perception of distance of the sources close to 
natural listening is another critical aspect in virtualization for nat-
ural sound rendering. However, the challenges in simulating accu-
rate distance perception are numerous. Human beings’ ability to 
accurately estimate these distances has long been known to be 
poorer compared to our ability to estimate directions, even in the 
physical listening space [1]. Virtual listening through headphones 

[fIG2] virtualization of (a) multichannel loudspeaker signals x nm ^ h [5], and (b) multiple sources s nk ^ h and environment signals 
, .a n a nL R^ ^h h  ,y n y nL R^ ^h h is the signal sent to the left and right ear, respectively. Note that head tracking can be used to update the 

selected directions of HRTfs/binaural room impulse responses (BRIRs).
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further hinders the distance perception as it leads to inside-the-
head localization (IHL) of sound [1]. IHL of sound is caused by 
several factors, such as the use of nonindividualized HRTFs, 
absence of equalization, lack of reverberation, and impedance mis-
match due to the presence of headphones [1], [13]. The presence 
of individualized HRTFs, equalization, and reverberation can 
improve the externalization of sound but does not ensure accurate 
distance perception [1].The direct-to-reverberation energy ratio is 
found to be the most critical cue for absolute distance perception, 
even though the intensity, loudness, and binaural cues can provide 
relative cues for distance perception [1]. Since reverberation is an 
essential cue for both distance perception and perception of a real 
environment context, a veridical simulation of the reverberation is 
highly imperative for natural sound rendering [1]. However, accu-
rate simulation of distance perception is challenging since rever-
beration entirely depends on the room characteristics. The correct 
amount of reverberation to be added to simulate distance percep-
tion in a particular room can be obtained only by carrying out 
acoustical measurements.

SOUND SCENE DECOmpOSITION USING BSS AND pAE
To achieve natural sound rendering in headphones, two important 
constituents of the sound scenes are required in the virtualization:  
the individual sound sources and characteristics of the sound envi-
ronment. However, this information is usually not directly avail-
able to the end user. One has to work with the existing digital 
media content that is available, i.e., the mastered mix distributed 
in channel-based formats (e.g., stereo, 5.1 surround sound). 
Therefore, to facilitate natural sound rendering, it is necessary to 
extract the sound sources and/or sound environment from their 
mixtures. In this section, we discuss two types of techniques 
applied in sound scene decomposition: BSS and PAE.

decomposition using Bss
Extracting the sound sources from the mixtures, often referred to 
as BSS, has been extensively studied in the last few decades. The 
basic mixing model in BSS can be considered as anechoic mixing, 
where the sources s nk ^ h in each mixture x nm ^ h have different 
gains gmk  and delays .mkx  Hence, the anechoic mixing is formu-
lated as follows:

 ,     , , , ,x n g s n e n m M1 2m mk k mk m
k

K

1
6 f!x= - +

=

^ ^ ^h h h " ,/  

 (3)

where e nm ^ h is the noise in each mixture, which is usually 
neglected for most cases. Note that estimating the number of 
sources is quite challenging and it is usually assumed to be 
known in advance [14]. This formulation can be simplified to 
represent instantaneous mixing by ignoring the delays, or can 
be extended to reverberant mixing by including multiple paths 
between each source and mixture. An overview of the typical 
techniques applied in BSS is listed in Table 1. 

Based on the statistical independence and non-Gaussianity 
of the sources, independent component analysis (ICA) algo-
rithms have been the most widely used techniques in BSS to 
separate the sources from mixtures in the determined case, 
where the numbers of mixtures and sources are equal [14]. In 
the overdetermined case, where there are more mixtures than 
sources, ICA is combined with principal component analysis 
(PCA) to reduce the dimension of the mixtures, or combined 
with least-squares (LS) to minimize the overall mean-square 
error (MSE) [14]. In practice, the underdetermined case is the 
most common, where there are fewer mixtures than sources. 
For the underdetermined BSS, sparse representations of the 
sources are usually employed to increase the likelihood of 
sources to be disjoint [15]. The most challenging underdeter-
mined BSS is when the number of mixtures is two or lesser, i.e., 
in stereo and mono signals.

Stereo signals (i.e., ),M 2=  being one of the most widely 
used audio format, have been the focus in BSS. Many of these 
BSS techniques can be considered as time-frequency masking 
and usually assume one dominant source in one time-frequency 
bin of the stereo signal [16]. In these time-frequency masking-
based approaches, a histogram for all possible directions of the 
sources is constructed, based on the range of the bin-wise 
amplitude and phase differences between the two channels. The 
directions, which appear as peaks in the histogram, are selected 
as source directions. These selected source directions are then 
used to classify the time-frequency bins and to construct the 
mask. For every time- frequency bin , ,n l^ h  the kth  source at 
mth  channel ,S n lmk

t ^ h is estimated as: 

 , , , ,S n l n l X n lmk mk mW=t ^ ^ ^h h h  (4)

where the mask and the mth  mixture are represented by 
,n lmkW ^ h and , ,X n lm ^ h  respectively.

In the case of single-channel (or mono) signals, the separa-
tion is even more challenging since there is no interchannel 
information. Hence, there is a need to look into the inherent 
physical or perceptual properties of the sound sources. Nonneg-
ative matrix factorization (NMF)-based approaches have been 
extensively studied and applied in single-channel BSS in recent 
years. The key idea of NMF is to formulate an atom-based repre-
sentation of the sound scene [17], where the atoms have repeti-
tive and nondestructive spectral structures. NMF usually 
expresses the magnitude (or power) spectrogram of the mixture 
as a product of the atoms and time varying nonnegative weights 
in an unsupervised manner. These atoms, after being multiplied 
with their corresponding weights, can be considered as 

[TABLE 1] AN OvERvIEW Of TypICAL TECHNIqUES IN BSS.

OBjECTIvE: TO ExTRACT k k( 2)2  SOURCES fROm m  mIxTURES

CASE TypICAL TECHNIqUES
DetermIneD: K M= ICA [14]

OverDetermIneD: K M1 ICA wIth PCA Or LS [14]

 UnDerDetermIneD: K M2 M 22 ICA wIth SPArSe SOLUtIOnS [14], [15]

M 2= tIme-freqUenCy mASkIng [16]

M 1= nmf [17], [18]; CASA [19]
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potential components of sources [18]. Another technique 
applied in single-channel BSS is the computational auditory 
scene analysis (CASA) that simulates the segregation and group-
ing mechanism of the human auditory system [19] on the model-
based representation (monaural case) of the auditory scenes. An 
important aspect worth considering is the directions of the 
extracted sources, which can usually come as a by-product in mul-
tichannel BSS. In single-channel BSS, this information of source 
directions has to be provided separately.

decomposition using pAe
In most sound scenes, the mixture comprises not only the dry 
sources but also the reverberation and ambient sound, which are 
contributed by the acoustics of the surrounding space. Therefore, 
the mixing model of the sources in BSS usually does not match 
with the actual sound scenes. In this article, we refer to the domi-
nant sources as primary (or direct) components, while the signals 
contributed by the sound environment are referred to as ambient 
(or diffuse) components. The primary and ambient components 
are perceived to be directional and diffuse, respectively. Different 
rendering methods should be applied to the primary and ambient 
components [6], [7] due to their perceptual differences. Therefore, 
rendering of natural sound scenes requires the decomposition of 
the mixtures into primary and ambient components [6], [7], [9]. 
Since stereo is still the most widely used format for digital media 
content, our discussion on the decomposition using PAE is 
focused on stereo signals .( )M 2=  

In PAE, we often follow some intuitive signal models as 
 discussed in [3], [5], [7], [8], and [20]. In the mth  channel, the 
mixture x nm ^ h is assumed to be the sum of the primary com-
ponent p nm ^ h  and ambient component ,a nm ^ h  i.e., 

.x n p n a nm m m= +^ ^ ^h h h  The discrimination of directional 
primary components and diffuse ambient components is mainly 
based on their interchannel correlations, where the primary and 
ambient components in the two channels are assumed to be 
correlated and uncorrelated, respectively. In the basic mixing 
model for PAE, the primary components are assumed to be 
amplitude panned, while the ambient components are of 
approximately equal levels in all channels. 

Based on these assumptions, various approaches are proposed 
in PAE for stereo signals. Similar to BSS, time-frequency masking 
approaches are introduced to extract ambient components 

,A n lm
t ^ h [7], [20] and these approaches can be generalized as 

 , , , ,A n l X n l n lm m AW=t ^ ^ ^h h h  (5)

where ,n l0 1A# #W ^ h  is the real-valued ambient mask at the 
time-frequency bin , .n l^ h  Time-frequency bins having high inter-
channel correlation are considered to be primary components (or 
mostly primary components in the soft masking case), whereas low 
correlation bins are more likely to be ambient components. 

Several linear estimation-based PAE approaches were also 
introduced [21], which exploits the differences between the two 
channels of the stereo signal to perform the PAE, including PCA-
based approaches [20] and LS-based approaches. In these 
approaches, the extracted primary components ,  p n p n0 1t t^ ^h h and 

ambient components ,  a n a n0 1t t^ ^h h are expressed as weighted 
sums of the mixtures:
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The solutions for the weights in (6) are derived based on different 
performance-related criteria [21]. More specifically, PCA extracts 
the primary components having maximum variance and extracts 
the ambient components having minimum variance with the con-
straint that the primary and ambient components are uncorrelated, 
while LS extracts these components having minimum MSE. Based 
on the study in [21], it is recommended that PCA-based approaches 
should be used for signals that contain dominant primary compo-
nents (e.g., gaming), while LS-based approaches are preferred for 
signals that contain a balanced mix of primary and ambient compo-
nents (e.g., movies). In addition, to deal with more complex types of 
input signals that do not fit into the basic mixing model, other tech-
niques have also been introduced, such as time shifting to compen-
sate for time differences [22] and adaptive frequency bin 
partitioning for multiple sources in primary components [23]. Fur-
thermore, though it is possible to extend the framework of PAE 
from stereo signals to multichannel signals, e.g., [24], more com-
prehensive studies on PAE for multichannel signals are required.

A compArison Between Bss And pAe 
Both BSS and PAE are extensively applied in sound scene decom-
position—a comparison between these approaches is summarized 
in Table 2. The common objective of BSS and PAE is to extract 
useful information (mainly the sound sources and their direc-
tions) about the original sound scene from the mixtures, and to 
use this information to facilitate natural sound rendering. There 
are three common characteristics in BSS and PAE. First, only the 
mixtures are available and usually no other prior information is 
given. Second, the extraction of the specific components from the 
mixtures is based on certain signal models. Third, both techniques 
require objective and subjective evaluation. 

As discussed earlier, the applications of different signal mod-
els in BSS and PAE lead to different techniques. In BSS, the 
mixtures are considered as the sums of multiple sources, and 
the independence among the sources is one of the most impor-
tant characteristics. In contrast, the mixing model in PAE is 
based on human perception of directional sources (primary 
components) and diffuse sound environment (ambient compo-
nents). The perceptual difference between primary and ambient 
components is due to the directivity of these components which 
can be characterized by their correlations. The applications that 
adopted BSS and PAE also have distinct differences. BSS is com-
monly used in speech and music applications, where the clarity 
of the sources is usually more important than the effect of the 
environment. On the other hand, PAE is more suited for the 
reproduction of movie and gaming sound content, where the 
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ambient components also contribute significantly to the natu-
ralness and immersiveness of the sound scenes. Subjective 
experiments revealed that BSS- and PAE-based headphone ren-
dering can improve the externalization and enlarge the sound 
stage with minimal coloration [6].

Despite the recent advances in BSS and PAE, the chal-
lenges due to the complexity and uncertainty of the sound 
scenes still remain to be resolved. One common challenge in 
both BSS and PAE is the increasing number of audio sources 
in the sound scenes, while only a limited number of mixtures 
(i.e., channels) are available. In certain time-frequency repre-
sentations, the sparse solutions in BSS and PAE would require 
the sources to be sparse and disjoint [15]. Considering the 
diversity of audio signals, finding a robust sparse representa-
tion for different types of audio signals is extremely difficult. 
The recorded or postprocessed source signals might even be 
filtered due to physical or equivalently simulated propagation 
and reflections. Moreover, the audio signals coming from 
adverse environmental conditions (including reverberation 
and strong ambient sound) usually degrade the performance 
of the decomposition. These difficulties can be addressed by 
studying the features of the resulting signals and by obtaining 
more prior information on the sources, the sound environ-
ment, the mixing process [18], and combining auditory with 
visual information of the scene.

INDIvIDUALIzATION Of HRTf
Binaural technology is the most promising solution for delivering 
spatial audio in headphones, as it is the closest to natural listening. 

Unlike conventional microphone recordings, which are meant for 
loudspeaker playback, the binaural signals are recorded or synthe-
sized at the ears of the listener. In a binaural audio system, the 
spatial encoding (i.e., HRTFs) should encapsulate all the spectral 
features due to the interaction of the acoustic wave with the listen-
er’s morphology (torso, head, and pinna). The pinna, which is also 
considered as the acoustic fingerprint, embeds the most idiosyn-
cratic spectral features into HRTFs, which are essential for accu-
rate perception of the sound [Figure 3(a)]. Thus, the HRTF 
features of the individuals are extremely unique, as shown in 
Figure 3(c). Often the HRTFs used for virtualization are nonindi-
vidualized HRTFs, typically measured on a dummy’s head, since 
they are easily accessible.

However, the use of nonindividualized HRTFs leads to several 
artefacts like IHL, localization inaccuracies in perceiving eleva-
tion, and front–back, up–down reversals. Additionally, subjects dis-
play poor angular resolution and sometimes find it difficult to 
pinpoint the exact location of the auditory image in the case of 
using nonindividualized HRTFs. Thus, individualization of the 
HRTFs [Figure 3(b)] plays a critical role to create an immersive 
experience closest to the natural listening experience. There are 
various individualization techniques to obtain the individualized 
HRTFs from acoustical measurements, anthropometric features of 
the listener, customizing generic HRTFs with perceptual feedback 
or frontal projection of sound, as summarized in Table 3. 

AcousticAl meAsurements
The most straightforward individualization technique is to actu-
ally measure the individualized HRTFs for every listener at differ-
ent sound positions [25], [26]. This is the most ideal solution but it 
is extremely tedious and involves highly precise measurements. 
These measurements also require the subjects to remain motion-
less for long periods, which may cause the subjects fatigue. Zotkin 
et al. developed a fast HRTF measurement system using the tech-
nique of reciprocity, where a microspeaker is placed into the ear 
and several microphones are placed around the listener [13]. 
Other researchers developed a continuous 3-D azimuth acquisi-
tion system to measure the HRTFs using a multichannel adap-
tive filtering technique [27]. However, all these techniques to 
acoustically measure the individual HRTFs require a large 
amount of resources and expensive setups. 

Anthropometric dAtA
Individualized HRTFs can also be modeled as weighted sums of 
basis functions, which can be performed either in the frequency 
or spatial domain. The basis functions are usually common to 
all individuals and the individualization information is often 
conveyed by the weights. The HRTFs are essentially expressed as 
weighted sums of a set of eigenvectors, which can be derived 
from PCA or ICA [26], [13]. The individual weights are derived 
from the anthropometric parameters that are captured by opti-
cal descriptors, which can be derived from direct measure-
ments, pictures, or a 3-D mesh of the morphology [13]. The 
solution to the problem of diffraction of an acoustic wave with 
the listener’s body results in individual HRTFs. This solution 

[TABLE 2] COmpARISON BETWEEN BSS AND pAE IN SOUND 
SCENE DECOmpOSITION.

BSS pAE

OBjECTIvE tO ObtAIn USefUL InfOrmAtIOn AbOUt the 
OrIgInAL SOUnD SCene frOm gIven mIxtUreS  
AnD fACILItAte nAtUrAL SOUnD renDerIng.

COmmON 
CHARACTERISTICS

USUALLy nO PrIOr InfOrmAtIOn, OnLy mIxtUreS
 ■ bASeD On CertAIn SIgnAL mODeLS
 ■ reqUIre ObjeCtIve AS weLL AS SUbjeCtIve 
evALUAtIOn

BASIC mIxING 
mODEL

SUmS Of mULtIPLe 
SOUrCeS (InDePenDent, 
nOn-gAUSSIAn, etC.)

PrImAry COmPOnentS 
(hIghLy COrreLAteD) AnD 
AmbIent COmPOnentS 
(UnCOrreLAteD)

TECHNIqUES ICA [14], SPArSe 
SOLUtIOnS [15], 
tIme-freqUenCy 
mASkIng [16], nmf  
[17], [18], CASA [19], etC.

PCA [20], LS [8], [21], 
tIme-freqUenCy mASkIng 
[7], [20], tIme/PhASe- 
ShIftIng [22], [23], etC.

TypICAL 
 AppLICATIONS

SPeeCh, mUSIC mOvIe, gAmIng

RELATED 
 AppLICATIONS

SPeeCh enhAnCement, 
nOISe reDUCtIOn, 
SPeeCh reCOgnItIOn, 
mUSIC CLASSIfICAtIOn

SOUnD rePrODUCtIOn,
SOUnD LOCALIzAtIOn, 
CODIng

LImITATIONS  ■ SmALL nUmber Of 
SOUrCeS
 ■ SPArSeneSS/DISjOInt
 ■ nO/SImPLe 
 envIrOnment

 ■ SmALL nUmber Of 
SOUrCeS
 ■ SPArSeneSS/DISjOInt
 ■ LOw AmbIent POwer
 ■ PrImAry AmbIent 
COmPOnentS UnCOrre-
LAteD
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may be obtained by analytical or numerical methods, such as 
the boundary element method (BEM) or the finite element 
method (FEM) [13], [26]. Other methods used include multiple 
linear regressions [26], multiway array analysis [28], and artifi-
cial neural networks [26]. The inputs to these methods can be a 
simple geometrical primitive [29] (e.g., a sphere, cylinder, or an 
ellipsoid), a 3-D mesh obtained from a magnetic resonance 

imaging (MRI) machine or laser scanner or a set of two-dimen-
sional (2-D) images [13]. An important advantage of these tech-
niques is that the relative effects of a particular morphological 
element (e.g., torso, head, and pinna) and their variation with 
size, location, and shape can be independently investigated [13]. 
Another technique used a simple customization technique, 
where an HRTF is selected by matching certain anthropometric 

[TABLE 3] A COmpARISON Of THE vARIOUS HRTf INDIvIDUALIzATION TECHNIqUES.

HOW TO OBTAIN 
 INDIvIDUAL fEATURES TECHNIqUES pROS CONS pERfORmANCE  

AND REmARkS
ACOUSTICAL 
 mEASUREmENTS

InDIvIDUAL meASUrementS [25], 
IrCAm frAnCe, CIPIC, UnIverSIty Of  mAryLAnD, 
tOhOkU UnIverSIty, nAgOyA UnIverSIty 
AUStrIAn ACADemy Of SCIenCeS [26] 

IDeAL, ACCUrAte reqUIreS hIgh 
PreCISIOn; teDIOUS; 
ImPrACtICAL fOr  
every LIStener

referenCe fOr 
InDIvIDUALIzAtIOn 
teChnIqUeS

ANTHROpOmETRIC  
DATA

OPtICAL DeSCrIPtOrS:  
3-D meSh, 2-D PICtUreS [13]

bASeD On ACOUStIC  
PrInCIPLeS; StUDIeS  
the effeCtS Of 
 InDePenDent eLementS  
Of the mOrPhOLOgy

neeD A LArge 
DAtAbASe; teDIOUS;
reqUIreS hIgh- 
reSOLUtIOn ImAgIng; 
exPenSIve eqUIPment; 
qUALIfIeD USerS 

USeS the  
COrreLAtIOn between 
InDIvIDUAL hrtf AnD 
 AnthrOPOmetrIC DAtA

AnALytICAL Or nUmerICAL SOLUtIOnS:
PCA + mULtIPLe LIneAr regreSSIOn [26]
fem, bem [26], [13], mULtIwAy ArrAy AnALySIS  
[28], ArtIfICIAL neUrAL netwOrk [26]

StrUCtUrAL mODeL Of hrtfs [13], hrtf 
DAtAbASe mAtChIng [30]

LISTENING/TRAINING SeLeCtIOn frOm nOnInDIvIDUALIzeD  
hrtf [13], freqUenCy SCALIng [31]

eASy tO ImPLement;  
DIreCtLy reLAteS tO  
PerCePtIOn

tAkeS tIme; reqUIreS 
regULAr trAInIng; 
CAUSeS fAtIgUe 

ObtAInS the beSt  
hrtfs PerCePtUALLy 

tUne mAgnItUDe SPeCtrUm [13], ACtIve 
SenSOry tUnIng [26], PCA weIght tUnIng [32]
SeLeCt CePStrUm PArAmeterS [34]

pLAyBACk mODE frOntAL PrOjeCtIOn heADPhOne [33] nO ADDItIOnAL  
meASUrement,  
LIStenIng trAInIng

new StrUCtUre;  
nOt APPLICAbLe tO  
nOrmAL  heADPhOneS; 
tyPe-2 eqUALIzAtIOn 

AUtOmAtIC 
 CUStOmIzAtIOn, 
reDUCeD frOnt–bACk 
COnfUSIOnS

NONINDIvIDUALIzED 
HRTf

generALIzeD hrtf [1] eASy tO ImPLement nOt ACCUrAte; POOr 
LOCALIzAtIOn

nOt An 
 InDIvIDUALIzAtIOn 
teChnIqUe

[fIG3] (a) Human ears act as a natural filter in physical listening. (b) The natural HRTf filter is modeled by a digital filter using various 
individualization techniques. (c) Note the vast variation of the HRTf spectrum at high frequencies of the various subjects taken from 
the Center for Image processing and Integrated Computing (CIpIC) database and the massachusetts Institute of Technology’s knowles 
Electronic manikin for Acoustic Research (kEmAR) dummy head database [26]. This is due to the idiosyncratic nature of the pinna. 
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parameters [30]. One of the major challenges today to numeri-
cally model the HRTF is the very high resolution of imaging 
techniques required for accurate prediction of HRTFs at high 
frequencies. The required resolution of the mesh imaging 
depends on the shortest wavelength, which is around 17 mm at 
20 kHz [13]. Moreover, obtaining these optical descriptors 
demands for the use of extremely expensive laser, MRI scanners, 
and also requires highly skilled, qualified users. 

perceptuAl feedBAck
Several attempts have been carried out to personalize HRTF from 
a generic HRTF database using perceptual feedback. Subjects 
select the HRTFs through listening tests, where they choose the 
HRTFs based on the correct perception of frontal sources and 
reduced front–back reversals [13]. Listeners can also adapt to the 
nonindividualized HRTF by modifying the HRTFs to suit his or 
her perception. Middlebrooks observed that the peaks and notches 
of HRTFs are frequency shifted for different individuals and that 
the extent of the shift is related to the size of pinna [31]. Listeners 
often tune the spectrum until they achieve a satisfactory and natu-
ral spatialization [13]. Other techniques involve active sensory 
tuning [26] and tuning the PCA weights [32] to individualize the 
HRTFs. These perceptual-based methods are much simpler in 
terms of the required resources and effort compared to the indi-
vidualization methods using acoustical measurements or anthro-
pometric data. However, these listening sessions can sometimes be 
quite long and result in listener fatigue.

frontAl projection plAyBAck
More recently, a study by Sunder et al. [33] customized the non-
individualized HRTFs using a frontal projection headphone. 
Unlike side projection of sound in conventional headphones, a 
frontal projection headphone projects the sound from the front to 
emulate the playback from a physical set of loudspeakers. By pro-
jecting the sound from the front, the idiosyncratic frontal pinna 
spectral cues of the listener are captured inherently during the 
playback [33]. It is found that the idiosyncratic high-frequency 

pinna cues captured in the frontal projection headphones 
response match well with the frontal HRTF cues, giving it a bet-
ter frontal perception (as shown in Figure 4). The authors of 
[33] reported that the front–back reversals were reduced by 
almost 50% [33] using the frontal projection headphone, thus 
improving the veracity of the 3-D audio. The advantage of this 
technique is that it does not require any measurements, train-
ing, or the anthropometric data of the listener. However, the 
frontal projection individualization technique has been limited 
to only the horizontal plane and also requires a special kind of 
headphone equalization (Type-2). 

As discussed previously, head tracking is important in the 
virtualization process. It was found that head tracking, when 
used with nonindividualized HRTFs, can improve the localiza-
tion [10]. However, head tracking primarily helps in reducing 
the front–back confusions and has minimal effect in reducing 
the elevation localization errors, IHL [10], and coloration 
caused by nonindividualized HRTFs. Since individualization of 
HRTFs can alleviate some of these limitations, it is suggested 
that head tracking be used with individualized rendering.

In summary, there is a noticeable trend to achieve more and 
more accurate individualization with lesser data, complexity, 
and effort. However, the effect of individualization of HRTFs can 
be hindered by the presence of the headphones. Hence, the 
headphones have to be compensated to ensure that the spec-
trum at the eardrum has only the individualized HRTF features. 
Additionally, equalization of the binaural recording itself may be 
necessary in certain applications (e.g., musical recordings). The 
challenges and methods of equalization for both binaural and 
stereo recordings are explained in the next section.

EqUALIzATION
Headphones are not acoustically transparent as they not only 
color the sound that is played from the headphone but also affect 
the free-air characteristics at the ear. Typically the HPTF com-
prises the headphones transducer response and the acoustic cou-
pling between the headphones and the listener’s ears. To 
compensate for the headphone response, the HPTF is first mea-
sured at the same point where the recording was carried out at 
the blocked ear canal or at the eardrum [35]. The binaural 
recording is then deconvolved with the HPTF to eliminate the 
effect of the recording microphones and the headphone. This type 
of direct equalization is also known as the nondecoupled mode of 
equalization (Table 4) [36]. This method is often used when the 
HPTF is measured with the same measurement setup as the 
recording and particularly works well when the HPTF measure-
ment and recording are carried out on the same dummy’s head.

It is observed that, in the absence of headphone equalization, 
the front–back reversals are increased and the elevation localiza-
tion is distorted [1], [13], [26]. Thus, headphone equalization is 
critical to create a convincing perception of virtual sound sources. 
However, headphone equalization is challenging since the HPTF 
depends on individual morphology (headphone–ear coupling). 
Researchers have also reported that the use of nonindividualized 
equalization can reduce the externalization and the effect can be 
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as critical as the use of nonindividualized HRTFs [13]. Thus, 
equalization using individual HPTFs is strongly recommended. 
Another difficulty in carrying out accurate headphone equaliza-
tion is the variability of the HPTFs with repositioning. The effect of 
repositioning of headphones is lower at low frequencies but dis-
plays high standard deviations up to 10 dB at high frequencies 
[37]. Kulkarni et al. [37] observed that equalization based on a sin-
gle measurement may become worse than no equalization at all. 
The positional dependency has no specific solution and its effect 
can only be reduced by taking the average of a number of trials as 
a representative HPTF [37]. Thus, to create a convincing immer-
sive sound environment, use of individualized HRTFs and individ-
ualized equalization is entailed, which may not be viable all the 
time. To reduce the dependency on individualized equalization, 
Sunder et al. [33] designed a Type-2 equalization technique for the 
playback through frontal projection headphone, which is indepen-
dent of the headphone-ear coupling. Unlike the conventional 
equalization technique, Type-2 equalization compensates only for 
the distortion due to the emitter, thereby preserving the individual 
pinna cues due to frontal projection.

The other type of equalization is the “decoupled” equalization 
technique, and it is the most commonly used method of equaliza-
tion for rendering music. In this technique, the binaural record-
ing [(BIR) or HRTFs] as well as the headphone are equalized 
using a reference sound field (REF) (e.g., FF, DF, etc.) [36]. If the 
REF of the recording environment is well known and reproduced 
reliably, this method of equalization can result in a very natural 
perception of sound similar to the nondecoupled equalization 
technique. This method of equalization is mainly carried out to 
make the binaural recordings compatible with stereophonic (con-
ventional microphone) recordings in terms of timbral quality. 

If the recording is binaural, then a reference field equalized 
binaural recording (BIR/REF) achieves a sound quality equivalent 
to a conventional microphone recording. When the equalized 
recording is played from a reference field equalized headphone 
(HPTF/REF), the perceived timbre of the spatial sound would be as 

natural as the original binaural recording. Individualized binaural 
recordings are thus necessary to experience the true immersive-
ness of sound without any timbral coloration and spatial degrada-
tion. Note that for rendering conventional stereo recorded music, 
it is sufficient to carry out just the headphone equalization using 
an appropriate reference field. Some of the commonly used refer-
ence fields are: 

 ■ Free-field (FF) equalization: With the aim to replicate the ear 
signals produced by frontal loudspeakers, the target response of 
FF equalization is the HRTF of frontal incidence. Hammershoi 
et al. proposed an FF equalization curve, which has additional 
high frequency energy above 3 kHz to approximate listening to 
stereo loudspeakers in the FF [4]. A FF equalized headphone 
can reproduce a frontal sound with natural sound quality but 
colors the sound that originates from other directions. More-
over, it is important to note that there are large interindividual 
variations in the FF equalization filters [38].

 ■ Diffuse-field (DF) equalization: In this case, the target 
response for equalization is the DF response, i.e., the average 
of the HRTFs of all measured directions in horizontal plane. 
The interindividual variations are reduced drastically due to 
the averaging effect [38]. Thus, the DF target response can be 
achieved universally over a great number of individuals. 
Møller [35] identified certain headphones which are already 
DF equalized and recommended such type of headphones for 
stereo listening.

 ■ Other target responses: A typical listening room is not 
completely diffuse but it can be considered somewhere 
between a FF and a DF. Møller [38] illustrated other alterna-
tive target responses which are partially diffuse by applying 
unequal weighting to different directions within ± 45° azi-
muth and elevation. Other researchers also modified the DF 
equalization filters with the help of certain parametric fil-
ters and found that the subjects generally preferred the tar-
get response with a 3 kHz peak lower in amplitude than in 
the DF response for both music and speech [4]. Recent 

[TABLE 4] EqUALIzATION TECHNIqUES fOR DIffERENT pLAyBACk mODES (BINAURAL, STEREOpHONy).

mODE Of 
 EqUALIzATION AIm

TypES Of  
EqUALIzATION AND  
TARGET RESpONSE CHARACTERISTICS

NONDECOUpLED 
(BINAURAL)

SPeCtrUm At  
eArDrUm IS the  
InDIvIDUAL hrtf  
feAtUreS

COnventIOnAL  
eqUALIzAtIOn (fLAt  
tArget reSPOnSe)

 ■ fOr COnventIOnAL heADPhOneS. the SPeCtrUm At  
the eArDrUm hAS InDIvIDUAL feAtUreS (If InDIvIDUALIzeD hrtf IS USeD)
 ■ DePenDent On the InDIvIDUAL’S UnIqUe PInnA feAtUreS

tyPe-2 eqUALIzAtIOn  
[33]

 ■ fOr frOntAL PrOjeCtIOn heADPhOneS. the SPeCtrUm At eArDrUm 
AUtOmAtICALLy mODeLS the InDIvIDUAL PInnA SPeCtrAL CUeS
 ■ remOveS OnLy the DIStOrtIOn DUe tO the heADPhOne emItter
 ■ InDePenDent Of the IDIOSynCrAtIC feAtUreS Of the eAr

DECOUpLED 
(BINAURAL, 
STEREOpHONy)

emULAte  
the mOSt nAtUrAL  
 rePrODUCtIOn  
CLOSer tO the  
PerCePtIOn In A  
referenCe fIeLD

ff eqUALIzAtIOn [38]  ■ tArget reSPOnSe IS the ff reSPOnSe COrreSPOnDIng tO  
the frOntAL InCIDenCe

Df eqUALIzAtIOn [38]  ■ tArget reSPOnSe IS the Df reSPOnSe
 ■ LeSSer InterInDIvIDUAL vArIAbILIty

Df tArget reSPOnSe  
bASeD On møLLer [38]

 ■ tArget reSPOnSe bASeD On AverAge Of hrtfS between ± 45 DegreeS 
AzImUth AnD eLevAtIOn wIth UneqUAL weIghtIng

Df tArget reSPOnSe  
bASeD On LOrhO [4]

 ■ reDUCeD A 3-khz PeAk frOm AbOUt 12 Db tO 3 Db Of Df reSPOnSe

rr_g AnD rr1_g [4]  ■ rr_g: bASeD On the ImPULSe reSPOnSe Of hArmAn  
referenCe LIStenIng rOOm
 ■ rr1_g hAS LeSSer bASS AnD trebLe
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experiments [4], [38] showed that listeners prefer other alter-
native target responses more than the conventional FF and 
DF equalizations. Examples of these preferred target curves 
include RR_G and RR1_G proposed by Olive et al. [4] based 
on the impulse response of the loudspeaker system in the 
Harman Reference rooms.
Ideally, the best reference field that preserves the true quality 

of the recording would be the field where the recording is carried 
out. Furthermore, the choice of 
headphones can also greatly affect 
the transparency of the binaural ren-
dering even with the correct head-
phone equalization. The external ear 
is unhindered in the natural listen-
ing conditions, where the sound 
pressures at the ear are governed by 
free-air characteristics. With head-
phones placed over the ear, the pres-
sure characteristics of the sound arriving at the eardrum are 
greatly affected compared to the free-air characteristics due to the 
interaction between the external ear and the headphone enclo-
sure. The closer the coupling characteristic of the headphones 
with that of the free-air, the more accurate and transparent is the 
reproduced sound. Møller [35] defined the effect of the headphone 
for a binaural recording at the blocked ear canal in terms of the 
electrical transmission gain, G: 

 ,G 1
MPTF HPTF PDR

$
$= ` j  (7)

where MPTF is the transfer function of the recording microphone, 
and PDR is the pressure division ratio. PDR is defined as the ratio of 
the equivalent Thévenin impedances when the ear is in free-air to the 
case when the headphone is placed on the ear, and is given as [35]: 

 ,Z Z
Z Z

PDR
earcanal radiation

earcanal headphones
=

+
+

 (8)

where Zearcanal  and Zheadphones  are the input impedances of the 
ear canal and the impedance of the headphone, respectively; 
Zradiation  is the free-air radiation impedance as seen from the ear 
canal. The PDR reduces to unity when the pressures in the free-
air and with headphones become equal. Such headphones are 
defined as FEC (free-air equivalent coupling) headphones, 
which are also sometimes called open headphones [35]. Open 
headphones are different from the commercially available 

“open–back headphones.” Most of 
the commercially available head-
phones have less than ideal FEC 
characteristics [35]. It is important 
to note that the FEC condition for 
the headphone is necessary only for 
binaural recordings made at the 
blocked ear canal, which is also the 
most common technique for indi-
vidualized binaural recording [35]. 

In such a case, headphone equalization alone is sufficient to 
achieve auralization transparency. To summarize, equalization 
(both recording and playback) and individualization play a criti-
cal role in the natural rendering of sound of any formats (binau-
ral or stereo) over headphones.

INTEGRATION Of NATURAL SOUND 
RENDERING TECHNIqUES
An integration of these signal processing techniques for natural 
sound rendering reviewed in this article is depicted in Figure 5. 
The original sound sources along with their environmental 
information are represented as a sound mixture after the mix-
ing process. The sound scenes from the mix are then decom-
posed into primary components (sources) and/or ambient 
components (environment) using BSS and/or PAE. The 
extracted primary components, which are basically directional 
sound sources as perceived by the listener, can be rendered 
using (individualized) HRTFs [1]. Ambient components 

[fIG5] The natural sound rendering system for headphones: an integration of all the signal processing techniques reviewed in  
this article.
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are rendered in a manner so as to 
recreate a natural sound environ-
ment. Modeling the acoustics of the 
natural sound environment by add-
ing the correct amount of early 
reflections and reverberation also 
helps in enhancing the perception 
of the sound environment as well as 
veridical distance, which is critical 
for natural listening. Moreover, a suitable individualization 
technique has to be applied to the directional sources such that 
the rendered sound scenes played over headphones are maxi-
mally tailored for the individual listener. Meanwhile, the use of a 
robust equalization technique can significantly reduce the 
adverse coloration of the source. Finally, the influence of the 
head movements on the rendered sound can be taken into 
account by incorporating head tracking in virtualization.

In general, natural sound rendering requires both the spatial 
and timbral quality of the reproduced sound to be realistic. For 
digital media content that contains plenty of spatial cues (e.g., 
movies, games), all five techniques reviewed are important in 
creating a sense of immersiveness. For other content, where the 
timbral quality is of utmost importance (e.g., music record-
ings), a subset of the techniques (e.g., individualization, equal-
ization) are sufficient. 

SUBjECTIvE ExpERImENTS 
Subjective experiments were carried out to validate the 
reviewed natural sound rendering system by comparing it with 
the conventional stereo playback system. A total of 18 subjects 
(15 males and three females), who were all between 20 and 30 
years old, participated in this listening experiment. None of the 
subjects reported any hearing loss. The test was conducted in a 
semianechoic listening room at Nanyang Technological Univer-
sity (NTU) in Singapore. The two systems of headphone listen-
ing tested in this experiment were: 

 ■ Conventional stereo system: The materials are directly 
played back over headphones without any processing.

 ■ Natural sound rendering system: The signal processing 
techniques introduced in the article were applied to the 
audio content. 

In this study, we chose PAE as the sound scene decomposition 
method since our primary interest lies in movie and gaming 
audio content that contains the individual sound sources and the 
sound environment [21]. Individualization is carried out by fron-
tal projection headphones since it inherently embeds the personal 
pinna cues during playback and does not require any individual 
acoustical experiments, anthropometric data, or training [33]. To 
fully exploit the frontal projection in the natural sound rendering, 
we have developed a new four-emitter headphone [39] that 
houses a frontal emitter and a conventional side emitter in each 
ear cup of the headphone [33]. In the virtualization process, the 
frontal emitters are used to render the directional sources, while 
all the emitters (both frontal and side) are used to render the 
sound environment. Type-2 equalization is applied to the frontal 

emitters for source rendering [33], 
and DF equalization is used to ren-
der environment signals over all the 
emitters. Head tracking has not 
been incorporated in this system.

The stimuli used in this experi-
ment were binaural (a motorcycle 
in a storm and a bee at a waterfall), 
movies (Brave, Prometheus), and 

gaming tracks (Battlefield 3), which contain numerous spatial 
cues. Each track was played back using the two headphone 
playback systems tested in this article. The tracks correspond-
ing to the two systems were named “A” and “B” and played 
back in a random order. The listening tests were conducted in a 
double-blind manner, where both the experimenter and the 
subjects were unaware of the order of the stimuli. In this 
experiment, four audio quality measures were considered to 
evaluate the performance of the two systems. Their descrip-
tions are: 

1) Sense of direction: How clear or distinct are the per-
ceived directions of the sound objects?
2) Externalization: How clear is the stimulus perceived out-
side the head?
3) Ambience: How clear and natural is the perceived ambi-
ence of the sound environment?
4) Timbral quality: How realistic is the timbral quality of 
the sound?
Subjects were asked to give scores for the four measures for 

each of the two tracks “A” and “B.” The scores were based on a 
0–100 scale where subjects rated 0–20 (Bad), 21–40 (Poor), 
41–60 (Fair), 61–80 (Good), and 81–100 (Excellent). Finally, 
the subjects were also required to indicate their overall prefer-
ence for the two tracks by selecting one of the following three 
choices: “Prefer A,” “Not sure,” or “Prefer B.” To carry out this 
experiment, a graphical user interface was created, which ran-
domized the order of the stimuli and automatically stored the 
responses of the subjects in a file.

The responses of the subjects were analyzed for both sound 
rendering systems. Figure 6 shows the overall comparison 
between the two systems in terms of the mean opinion score 
(MOS), scatter plot, and the overall preference of the subjects. 
In (a), the MOS of the four measures for the two systems were 
computed across all 18 subjects and five stimuli. While the 
MOS for the conventional stereo system for all the measures 
were around 60, the natural sound rendering system per-
formed much better with an MOS of over 70. An analysis of 
variance (ANOVA) was conducted to generalize these results to 
the whole population of listeners. The p-values were found to 
be very small (<< 0.01) for all measures, indicating that the 
improved performance of the natural sound rendering system 
over the conventional stereo system is statistically significant. 
The scatter plot in Figure 6(b) implies that most of the sub-
jects gave a higher score for the natural sound rendering sys-
tem for all the four measures. The overall preference of the 
subjects across all the five tracks is shown in Figure 6(c). The 
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pie chart suggests that 61% of the subjects preferred the natu-
ral sound rendering, while only 33% preferred the conven-
tional stereo rendering.

To sum up the subjective test results, we found that the 
natural sound rendering system using the various signal pro-
cessing techniques explained in this article enhances the lis-
tening experience compared to a conventional stereo system. 
Additionally, the presence of head tracking in the system will 
only improve the natural sound 
rendering as observed in several 
studies [10]. 

CONCLUSIONS AND  
fUTURE TRENDS 
With the advent of low cost, low 
power, small form factor, and high-
speed multicore embedded proces-
sor, we can now implement the 
aforementioned signal processing 
techniques in real time and embed 
processors into the headphone design. However, various imple-
mentation issues regarding the computation cost of sound 
scene decomposition, HRTF/BRIR filtering in virtualization, 
and equalization as well as the latency in head tracking should 
be carefully considered. One example of such a natural sound 
rendering system is the four-emitter 3-D audio headphone [39] 
developed at the Digital Signal Processing  Lab at NTU. This 
system has been psychophysically validated and found to per-
form much better than the conventional stereo headphone 
playback system.

Besides the five types of techniques discussed in this article, 
there have been other efforts to enhance the natural experience 
of headphone listening. To enable the natural pass through of 

the sound from outside world without coloration, headphones 
can be designed with suitable acoustically transparent materi-
als. When this is not effective, microphones integrated into 
headphones and associated signal processing techniques, such 
as equalization, and active noise control, are employed. The 
headphones with built-in microphones open a new dimension 
to augment the listening experience with the physical world. 

The future of headphones for assistive listening applications 
would be where listeners cannot dif-
ferentiate between the virtual acous-
tic space created from headphone 
playback and the real acoustic space. 
This would require a combined effort 
from the whole audio community—
from the headphone manufacturers 
and sound engineers to audio scien-
tists. More information about the 
content production has to be distrib-
uted from the content developers to 
the end user to enhance the extrac-

tion process. Moreover, obtaining and exploiting every individual’s 
anthropometrical feature or hearing profile is crucial for a natural 
listening experience. Finally, with more sensors, such as global 
positioning systems, gyroscopes, and microphones that can be 
integrated into headphones, future headphones are becoming 
more content-, location-, and listener-aware, and hence more 
intelligent and assistive. 
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