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Abstract

It is now common for broadcast signals to feature 5.1 surround sound. It is also increasingly

common that audiences access broadcast content on portable devices using headphones. Binaural

techniques can be applied to create a spatially enhanced headphone experience from surround

sound content. This paper presents a subjective assessment of the sound quality of 12 state-of-the-

art systems for converting 5.1 surround sound to a two channel signal for headphone listening. A

multiple stimulus test was used with hidden reference and anchors, the reference stimulus was an

ITU stereo down-mix. Dynamic binaural synthesis, based on individualised binaural room impulse

response measurements and head orientation tracking, was also incorporated into the test. The

experimental design and detailed analysis of the results are presented in this paper.

This work was presented at the 134th Audio Engineering Society Convention in Rome on May 4th

2013.
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1 Introduction

Many broadcasters currently distribute television programmes with 5.1 surround sound, a discrete

multichannel stereophonic format intended for reproduction over a 3/2 loudspeaker configuration

[1]. However a rapidly growing proportion of the audiences viewing these programmes are watching

on portable devices and listening to the programme sound using headphones. Most devices will

use a stereo mix for headphone output, whether a separate artistic mix or a down-mix from the 5.1

signal. This gives a degraded spatial image when compared with the 5.1 loudspeaker reproduction.

Binaural processing can be used to create an alternative signal for headphone listening from the

5.1 signal, attempting to give an improved spatial sound experience. This kind of processing can

be termed virtual surround sound.

There are many commercially available products that o↵er virtual surround for headphones.

This paper presents an assessment of state-of-the-art systems for creating this experience. Similar

investigations have been carried out in the past [2], systems showed no improvement over a stereo

down-mix signal. This paper aims to give an up-to-date view on the state of this technology.

2 Background

The method for creating virtual sound sources in headphones using head-related impulse responses

(HRIRs) was presented and validated by Wightman and Kistler [3]. Experimental evidence has

suggested that for plausible virtual sound sources located outside of the head with good directional

accuracy, HRIR measurements specific to the individual are required [4, 5]. However when impulse

responses containing the room response, known as binaural room impulse responses (BRIRs),

are used in combination with head-tracking, to compensate for head motion, plausible synthesis of

virtual sound sources can be achieved with high localisation accuracy [6, 7]. The relative importance

of these system components has been addressed in terms of localisation [8] however the e↵ects

on overall sound quality are not clear. Many quality features contribute to the overall quality

of experience provided by a virtual surround system [9]. Binaural processing is known often to

introduce timbral colouration. Equalisation can be applied to reduce colouration, although this

may degrade localisation acuity [10]. Commercial systems will use a variety of techniques to aim

to achieve good overall quality.

3 Application

The assessment was designed considering broadcast and media distribution applications, where the

processing is applied on the distributer-side rather than on a listener’s own device. The virtual

surround systems are considered as a black box process, taking a completed 5.1 programme and

converting it for headphones using fixed parameters. The aim is to establish whether in this context

virtual surround systems can provide improved quality over existing stereo down-mix techniques.

Consider the system being placed in the distribution chain of a broadcaster, so that all content is

passed through this process to provide a dedicated headphone surround service. This represents

the lowest cost approach for distribution of enhanced headphone sound, as it would require no

additional production e↵ort. However it is also the most challenging scenario for the systems
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under assessment, since no manual adaptation of system parameters according to input signals is

possible. Certainly no processing that is specific to the user and their listening environment is

possible.

Virtual surround systems that o↵er client-side rendering with adaptable parameters do exist,

however their availability is not widespread and this would require transmission of the content in a

multichannel format [11]. For nearer-term use of virtual surround for headphones a distributer-side

rendering would be required. The e↵ects of distribution codecs on sound quality are not considered

here and would require subsequent testing, previous studies have investigated this aspect [12, 13].

4 Experiment Variables

4.1 Virtual surround systems for headphones

Twelve commercial virtual surround systems were provided for testing, some of which are not

currently available for purchase1. Each of the systems under investigation was configured using

parameter values provided by the system supplier.

Two additional virtual surround systems were included as anchors, these used BRIRs to create

virtual loudspeakers. The BRIRs were measured in the same controlled listening environment

used in the assessment. A commercial solution was used for impulse response measurement and

convolution, it also allowed for equalisation of the headphone-to-ear response. A KEMAR head

and torso simulator (HATS) [14] placed in the listening position was used to measure the BRIRs

for one system, referred to from herein as the KEMAR system. The KEMAR HATS has often

been used in binaural experiments, so this system represents a simple known approach to virtual

surround.

The second system used individual BRIRs measured for each participant at several head orien-

tations. A head tracking device allowed the convolution filters to be interpolated and updated in

real-time by the system according to the tracked azimuth orientation of the head, preventing the

virtual loudspeakers from moving with the listener. An individual headphone equalisation function

was also calculated for each listener. This approach could not be applied in the intended applica-

tion, it is included as an anchor of high spatial quality, since the auditory cues created should be

very close to those given by the real 5.1 loudspeaker system in the listening room. This system

will be referred to as the dynamic individualised BRIR system from herein.

4.2 Audio source material

Ten test items were used in the subjective assessment. Seven were taken from broadcast pro-

grammes and had accompanying video. Broadcast sound is varied and often contains complex

dynamic scenes. Test items were selected by the authors to represent a range of scenes and gen-

res found in broadcast sound and to reveal critical behaviours of the systems. In addition to the

broadcast items, three items were chosen to present simpler sound scenes that may allow further

analysis. These items did not have accompanying video. All items were approximately 12 seconds

long.

1
We are not able to disclose further information about the systems assessed. We believe that the findings are still

valuable to the community given that many of the systems currently available on the market have been evaluated.
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ID Name

(Type)

Scene Video Description

0 HDTrail
(Sci-fi)

F-F Y BBC HD channel trailer, many synthetic sound sources
and e↵ects, complex scene

1 PianoVox
(Live music)

F-B Y Voice, piano and cymbals. Audible concert hall reverber-
ation

2 RockBand
(Live music)

F-B Y Live rock band, compressed dynamic range, distorted gui-
tars, vocals

3 Explosion
(Drama)

F-B
+LFE

Y Cinematic explosion, with sound e↵ects moving rapidly
from front to surround. Background music (F-B)

4 Conversation
(Drama)

F-B
+C

Y On-screen speech in C channel with strong ambience, oc-
casional background voices

5 NHNarration
(Wildlife)

B-B
+C

Y Narration in C channel with jungle ambience and low
frequency rumble

6 NHMusic
(Wildlife)

F-B Y Orchestral music and transient sound e↵ects

7 PannedNoise F-F N Frequency modulated noise panned around the listener
8 Speech C N Dry female speech signal in C channel
9 Applause B-F N Applause in surround channels, ambience in the front

Table 1: Test items used in the assessment.

The chosen items are described in Table 1. Auditory scene description terminology is based

on [15]. As an example, F-B refers to a scene where the front channels contain foreground sounds

and the rear channels contain background sounds; C and LFE are added when significant content

exists in the front-centre and LFE channels respectively. The majority of the test items had a

frontally dominant sound scene and contained broadband ambience, which reflects the conventions

of broadcast television production.

4.3 Listening Environments

All listeners carried out the assessment in two di↵erent rooms, pictured in Figure 1, to investigate

whether a change in listening environment caused a significant di↵erence in perceived quality of

the systems. A controlled listening room environment was used with volume of approximately

99m3, background noise level below NR10 [16], and mean reverberation time from 200Hz to 10kHz

of Tm = 0.21 s. This environment was used to measure BRIRs for the binaural anchor systems.

Genelec 1031A loudspeakers, arranged according to [1], were used for this measurement process,

with a Genelec 1031A subwoofer. These loudspeakers were left in place during the assessment,

providing visual cues that may potentially influence the spatial impression of virtual sound sources

in this environment [17]. A usability laboratory, similar to a domestic living room environment, was

also used. It had significantly higher background noise level and di↵erent reverberation character.
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(a) Controlled listening room (b) Usability laboratory

Figure 1: Listening environments used in the assessment.

5 Experiment Description

5.1 Methodology

The assessment used a multiple-stimulus test method with hidden reference and anchors. This

method was chosen because it allows quick and reliable assessment of multiple systems by presenting

them simultaneously in the test interface. Test duration was an important consideration in the

design given the large number of test cases.

The method was based on [18] which is a recommendation for testing of coding systems. In such

tests there is a known target quality, that of the uncoded signal, which is provided as an explicit

reference used to determine a quality grade for each stimulus. In the case of virtual surround

systems there is no known target. Given the application under investigation, the systems were

assessed in comparison to a stereo down-mix of the 5.1 signal, created according to Annexe 4 of

[1]. This represents the current method of presenting 5.1 signals to two channel receivers, such

as devices with headphones. This signal is not a high quality reference, but an alternative to

be compared against, so a bipolar comparison rating scale scale was used. The scale, shown in

Figure 2, had a numeric range from +5 to -5 with text labels indicating the meaning of positive

and negative grades and that zero implies equal quality to the reference. Listeners were asked to

grade each stimulus with a score of overall sound quality compared to the ITU stereo down-mix.

A hidden reference was included in each trial to assess a listener’s ability to detect di↵erences

between systems. A mono down-mix of the 5.1 signal was also included as an anchor signal without

spatial information, again created according to Annexe 4 of [1]. To prevent cognitive overloading

it has been recommended that a listener is presented with no more than 15 stimuli in a single trial

[18], including the explicit reference, hidden reference and anchors. In order to reduce the duration

of the test, listeners were assigned a random subset of 6 of the 12 systems to assess.

5.2 Preparation of test material

The systems were used to process each of the test items to create a set of stimuli for headphone

listening. The audio source material was in linear PCM format, with 6 discrete channels, sampled

at 48000Hz with 24-bit resolution, excepting items 2, 3 and 4, which were originally encoded

with Dolby E at 2250kbps and were then decoded to PCM. System output was also recorded in
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PCM. Video material was sourced from broadcast archives and encoded in a variety of high quality

formats.

All items were gain adjusted to equalise the perceived loudness. It is recommended to use

an algorithm specified in [19] to generate an objective measure of loudness of a programme, and

to adjust the programme level to obtain a loudness value of -23 LUFS [20]. This algorithm was

designed considering loudspeaker reproduction. It includes a filter to model the e↵ects of the

head on incoming signals. Stimuli were loudness normalised using a modified algorithm without

the head-shadowing filter. A review by the authors confirmed that this gave a closer loudness

matching between stimuli than the complete algorithm.

Loudness equalisation of the dynamic individualised BRIR system involved an additional step

since it was processed in real-time using listener-specific measurements. Four expert listeners were

twice asked to adjust a gain control on the output of this system (individualised for them) until it

had equal loudness to the stereo reference signal, first starting from -6dB and then again starting

from +6dB. The mean gain adjustment across all eight trials was used for all test participants,

responses had a standard deviation of 1.24dB.

Binaural processing systems introduce a delay to the source signals. This is partly due to the

acoustic propagation that is modelled in the binaural impulse responses, but also due to system

processing latency. In order to allow seamless switching between the stimuli, the delays were

calculated using cross-correlation with the stereo reference and removed to the nearest sample.

5.3 Listeners

A sample of 41 listeners took part in the experiment, with a median age of 29.01 and an interquartile

range of 11.35. All listeners had previous experience in listening critically to audio material. This

large sample was used to ensure that significant results were found with so many test cases.

5.4 Test administration

A trial was performed for each of the 10 test items in both listening environments, with 6 commercial

system stimuli plus the hidden reference and anchors (11 stimuli per trial). Trials were presented

in a randomised order, which di↵ered between the two rooms. To prevent auditory fatigue the

assessment was split into four sessions of five trials. Sessions lasted approximately 30 minutes but

durations varied between listeners. Listeners were given time to rest between sessions, in total

assessments lasted for 2-3 hours per listener. The listeners performed two sessions in one listening

environment before doing sessions in the other environment. The choice of first environment was

randomised to reduce any systematic e↵ect on the results.

High-quality circumaural di↵use-field equalised headphones (Sennheiser HD 650) were used for

sound reproduction. In both listening environments the listener sat at a small desk with a mouse

and desktop monitor. Custom software was written to allow the listener to audition and grade

the test stimuli, using methods specified in [21]. The software recorded grades to two decimal

places. The graphical user interface for the software is shown in Figure 2. Where test items had

accompanying video, it was displayed on a 47” flat panel television placed 2m in front of the

listener.
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Figure 2: User interface for auditioning and grading of stimuli.

Listeners first had individual BRIRs and headphone equalisation measurements made in the

controlled listening environment. The listener then went through a familiarisation process before

the grading sessions. This involved listening to the stereo down-mix of each test item, followed

by familiarisation with the grading interface and the range of quality of the systems by grading

stimuli using two training items which were not selected for the final test.

5.5 Post-screening of listeners

Before analysis of the grading data a post-screening of listeners was carried out, rejecting responses

of some listeners who were unable to make reliable discriminations. The assumption was that a

reliable listener should grade the hidden reference with a score of 0.0, corresponding to equal

quality to the explicit reference. A coe�cient of variance (CV) was calculated for each listener

using their given hidden reference grades, as described in [15]. Six listeners with a CV of over 8%

were removed, leaving 35 listeners remaining.

6 Results

The overall distribution of results was approximately normal, although there was a strong peak at

a grade of zero, implying that often participants found it hard to di↵erentiate between the stimuli

and the reference. There was also a skew towards negative grades, as can be seen in Figure 3.

6.1 Significance of results

Results will be analysed first for the seven broadcast programme items. Post-hoc tests showed that

the three audio-only items were graded significantly di↵erently to with-video items, these items

will be discussed separately.

An analysis of variance (ANOVA) was carried out to investigate the main e↵ects and two-way

interactions of the experimental factors. A type III sum of squares generalised linear model was used

with fixed factors System, Item, and Environment, and random factor Listener. Three of the main

factors are significant. In descending order of significance they are: System F (15, 265) = 17.747,
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Figure 3: Mean grades with 95% confidence intervals of all listeners across all broadcast programme
items.

p < .001, Item F (6, 244.112) = 12.302, p < .001, and Listener F (34, 215.025) = 4.339, p < .001.

The factor Environment is not significant F (1, 36.957) = 0.748, p = 0.393. The e↵ect of the room

was investigated on the individualised system data alone, since the BRIRs used by this system

incorporate the room response of one of the listening environments. A two-tailed independent-

sample t-test was applied, the factor Environment is not significant at a 95% level in this case. All

descriptive statistical plots presented here are for data from both listening rooms combined.

The two-way interactions between factors are all significant to a 95% level apart from Item*Environment

and System*Environment. There are strong interactions with System*Item and System*Listener.

It is clear that the performance of systems varies according to source material, as well as there

being overall di↵erence in grading between items. Listener preference patterns are complex, there

is a variation in system preference between listeners. It also seems that the overall use of the

grading scale di↵ers between listeners.

The significance of results for each system across all broadcast items with video and both

listening environments was examined. A two-way one-sample t-test was performed to compare the

grading of the systems to the constant value 0, representing the quality of the ITU stereo down-

mix reference. Only system A was not significantly di↵erent to the down-mix reference to a 95%

confidence level.

6.2 Results for broadcast test items with video

The mean grades for each system across broadcast programme items are shown in Figure 3 with

95% confidence intervals. It can be seen that systems E and H were graded significantly higher

than the stereo reference, although their mean grades were both less than 0.5 which appears not

to be a large improvement. Apart from system A, all other systems were graded lower than the

down-mix reference, including the dynamic individualised BRIR system. Four systems (C, J, K,

and KEMAR) had mean grades significantly below the mono down-mix anchor. To allow insight

into the similarities between the systems, a hierarchical clustering was performed based on a vector

of mean grades for each test item. This clustering is shown in a dendrogram in Figure 4.

The individualised head-tracked BRIR system was graded lower than the ITU down-mix, and
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Figure 4: Hierarchical clustering of systems.

Figure 5: Mean grades with 95% confidence intervals of all listeners for three audio-only test items.

not significantly higher than the mono down-mix. This indicates that spatial image quality is

not a dominant factor in the quality judgements of the listeners in this assessment. The poorest

performing systems overall apply clearly audible reverberation which colours the sound. It has

been shown previously that timbral attributes are more dominant than spatial attributes in listener

quality judgement when using the MUSHRA method [22]. The systems with higher grades had a

sound similar to the down-mix, with only subtle spatial image enhancements. Systems E and H

both introduced an ambience enhancement.

6.3 Results for audio-only test items

Three test items without accompanying video were used in the test and the results are discussed

separately here. The mean grades for systems on each of these three items are shown in Figure 5

with 95% confidence intervals.
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6.3.1 PannedNoise item

The movement of the noise source in item 7 was designed to make clear the spatial imaging e↵ect

of virtual surround systems. Post-hoc testing showed this item was graded significantly di↵erent

to all other items, listeners also commented that stimuli showed a more obvious change in the

spatial image. The dynamic individualised BRIR system was graded significantly higher than the

reference for this item, as were systems B, C, K, and KEMAR, and the mono down-mix was

graded significantly lower. Most systems had significantly higher grades for this item than across

the broadcast programme items, however systems E and H did not. Both showed unpleasant

artefacts of reverberation/ambience enhancement. These artefacts were not audible in denser more

complex scenes commonly used in broadcast material.

6.3.2 Speech item

Item 8 was used because dialogue and narration in the front centre channel are important in

broadcast programmes. No systems were graded significantly higher than the stereo reference.

The dynamic individualised BRIR system has a mean grade that is higher but has wide confidence

intervals. Initial experiments showed that this system was able to create a stable frontal exter-

nalisation for the authors. Frontal sources are the most challenging to synthesise binaurally, with

front-back reversal [3] and in-head localisation [4] problems common.

A change in source location was observed between systems but also changes in timbre and in-

telligibility. Some systems seem to compensate for the challenges of frontal localisation by reducing

the binaural processing on the front centre channel to get lower colouration, these systems were

graded similar to the reference on this item. The ITU down-mix will normally exhibit in-head

localisation. Systems with strong reverberation again performed poorly, except the individualised

system which had better frontal localisation due to the use of head-tracking and individual BRIRs.

It is not known what listener preference is between internalised or externalised dialogue, it becomes

an issue at the communication sciences level of quality judgement [23].

6.3.3 Applause item

Item 9 was included to assess the ability of systems to create foreground content behind the listener,

which cannot be achieved with a stereo down-mix. It is thought that timbral factors may have

dominated the quality judgement, colouration was found to be critical for this item during test

material selection. Systems with strong reverberation were again graded low, the individualised

system was graded lowest on this item than for any other. The mono down-mix was graded

significantly lower than the reference, this is partly due to the loss of all spatial information but

could also be due to colouration introduced in the ITU down-mixing process. Systems D and L

were graded higher than the reference for this item.

6.4 Clustering of listeners

To further investigate the variation in listener preferences, clustering of the listeners was performed

[24]. A k-means clustering algorithm was applied using a vector of grades for the dynamic individ-

ualised BRIR system for each listener, with k = 2. Clustering across all systems was not possible
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Figure 6: Mean grades with 95% confidence intervals over broadcast programme items for two
listener groups

due to the unbalanced test design, each listener graded only a sub-set of the systems. The cluster-

ing with the lowest distortion of 1000 repetitions was used, distortion of a cluster is defined as the

sum of the squared distances between each system vector and the centroid of its assigned cluster.

The resulting two groups of listeners are split neatly into those with positive and negative overall

mean grades.

The mean grades over broadcast items are shown separately for each listener group in Figure 6.

Systems D, J, and K show significant improvement for listeners in cluster 1 when compared with

the overall mean, and a significant degradation for listeners in the other cluster, as do the KEMAR

and the dynamic individualised BRIR systems. For listeners in cluster 1, the individualised system

is graded much higher than the stereo reference with a mean of 1.44, indicating that a proportion

of the population may have a preference for virtual surround processing with a strong spatial

impression. Cluster 1 represents 34.3% of the sample population of listeners, which is similar to

the proportion found in [24].

7 Conclusions and discussion

In the context of broadcast distribution, the state-of-the-art virtual surround systems were shown

not to give a great improvement over an ITU down-mix for playback of 5.1 audio over headphones,

when used in a black box approach. Many systems performed significantly worse than the down-

mix, including the dynamic individualised BRIR system. The best performing systems were graded

similarly to the down-mix.

Di↵erent applications of virtual surround processing in broadcasting may provide significant

benefit. This assessment was designed to investigate the worst case situation, requiring the mini-

mum change to the broadcast distribution process and using a standardised test methodology to

compare directly to the existing service. Attribute rating tests could give insight into the character-

istics that are relevant for the listeners’ quality judgement and aid understanding of the variation

according to source material [25]. An improvement of overall audio quality compared to a stereo

reference would still be important to verify use of these techniques. A reference-free preference
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rating method may reduce bias [26].

The quality of virtual surround processing has a significant dependence upon source material.

Adjustment of system parameters depending upon source material and remixing source material

before virtual surround processing may improve quality. Listener preference varies significantly,

clustering analysis showed that a large minority of listeners had a preference for virtual surround

over the stereo down-mix. This is could be an argument for giving the audience the choice between

virtual surround and stereo versions. It was shown that the listening room environment had no

significant e↵ect on the overall quality grade of systems, this follows findings in [27].
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[2] Gaëtan Lorho and Nick Zacharov. Subjective Evaluation of Virtual Home Theatre Sound

Systems for Loudspeakers and Headphones. In Proceedings of 116th AES Convention, 2004.

[3] F.L. Wightman and D.J. Kistler. Headphone simulation of free-field listening. II: Psychophys-

ical validation. The Journal of the Acoustical Society of America, 85(2):868–878, 1989.

[4] William M. Hartmann and Andrew Wittenberg. On the externalization of sound images. The

Journal of the Acoustical Society of America, 99(6):3678–3688, 1996.

[5] P. Minnaar, S. K. Olesen, F. Christensen, and H. MøIller. Localization with Binaural Record-

ings from Artificial and Human Heads. Journal of the Audio Engineering Society, 49(5), 2001.

[6] Alexander Lindau and Stefan Weinzierl. Assessing the Plausibility of Virtual Acoustic Envi-

ronments. Acta Acustica united with Acustica, 98(5):804–810, September 2012.

[7] U. Horbach, A. Karamustafaoglu, R. Pellegrini, P. Mackensen, and G. Theile. Design and

applications of a data-based auralization system for surround sound. In Proceedings of 106th

AES Convention, Munich, 1999.

[8] Durand R Begault and Elizabeth M Wenzel. Direct Comparison of the Impact of Head

Tracking, Reverberation, and Individualised Head-Related Transfer Functions on the Spatial

Perception of a Virtual Speech Source. Journal of the Audio Engineering Society, 49(10),

2001.

[9] Andreas Silzle. Quality Taxonomies for Auditory Virtual Environments. Proceedings of 122nd

AES Convention, 122, 2007.

11



[10] Juha Merimaa. Modification of HRTF Filters to Reduce Timbral E↵ects in Binaural Synthesis,

Part 2: Individual HRTFs. In Audio Engineering Society Convention, 2010.

[11] J. Breebaart, J. Herre, L. Villemoes, C. Jin, K. Kjörling, J. Plogsties, and J. Koppens. Multi-

Channel Goes Mobile: MPEG Surround Binaural Rendering. In AES 29th International

Conference, Seoul, Korea, 2006.

[12] Jeroen Breebaart. Analysis and Synthesis of Binaural Parameters for E�cient 3D Audio

Rendering in MPEG Surround. In IEEE International Conference on Multimedia and Expo,

Beijing, China, 2007.

[13] S. Le Bagousse, M. Paquier, C. Colomes, and S. Moulin. Sound Quality Evaluation based

on Attributes - Application to Binaural Contents. In Proceedings of 131st AES Convention,

2011.

[14] G.R.A.S. KEMAR Manikin Type 45BA. http://www.gras.dk/00012/00330/, accessed: 3rd

March 2013.
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