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Abstract

Technological progress and increasing popularityguwfound sound drive many existing
stereo-based audio applications towards the adomifosurround sound. With "MPEG

Surround” a standard was developed to meet the ri¥svaf such applications in terms of
both quality and efficiency. It enables multi-chahrservices where mono or stereo
backward compatibility is required as well as aggtions with severely bandwidth-limited

distribution channels, e.g. broadcasting. MPEG @&urd not only covers reproduction over
discrete loudspeakers, but also considers binalgebding of multi-channel sound in an
efficient manner. In this way, surround sound repation with high quality becomes

feasible on mobile devices. An outline of the uhdeg MPEG Surround architecture, the
binaural decoding process, and subjective tesénglts will be given in the paper.

1. Introduction

Approximately half a century after the broad auaility of two-channel stereophony, multi-
channel sound is finally on its way into consumérsnes as the next step towards higher
spatial reproduction quality. While the majority molulti-channel audio consumption is still
in the context of movie sound, consumer media fgh{guality multi-channel audio (such
as SACD and DVD-Audio) now respond to the demand docompelling surround
experience also for the audio-only market. Manystxg distribution channels will be
upgraded to multi-channel capability over the canyears if two key requirements can be
met: a) As with the previous transition from moncstereophonic transmission, the plethora
of existing (now stereo) users must continue teeikec high-quality service, and b) For
digital distribution channels with substantiallynited channel capacity (e.g. digital audio
broadcasting), the introduction of multi-channelis® must not come at a significant price
in terms of additional data rate required.

This paper reports on the forthcoming MPEG Surrospecification that offers an efficient
representation of high quality multi-channel audiobitrates that are only slightly higher
than common rates currently used for coding of mostereo sound. Due to the underlying
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principle the format is also completely backwardnpatible with legacy (mono or stereo)
decoders and is thus ideally suited to introduceltirobannel sound into existing
stereophonic or monophonic media and services.ifg@dly, the paper reports on a recent
addition to the MPEG Surround specification whicomplements the original loudspeaker-
oriented multi-channel decoding procedure by mates enables a compelling surround
sound reproduction on mobile devices. Using theseural renderingmodes, multi-
channel audio can be rendered into a realisticalirsurround sound experience on a wide
range of existing mobile devices, such as mp3 p&aged cellular phones.

Due to the nature of the task, MPEG Surround beldatendering represents an intimate
merge between binaural technologies, as they arenkiirom virtual sound displays [1][2],
and the parametric multi-channel audio coding thait the heart of the MPEG Surround
scheme. Thus, the paper is structured as follovestiGs 2 and 3 describe the basic
concepts that classic binaural technology and tR&® Surround specification are based on
respectively. Then Section 4 introduces the new @Firround binaural rendering modes
as a synthesis between both worlds. Section 5 ctesizes it in terms of both sonic
performance and implementation complexity. Finalynumber of interesting applications
for MPEG Surround binaural rendering are discussed.

2. Binaural rendering

Spatial hearing relies to a great extent on bidacuas like time-, level- and spectral
differences between the left and right ear sigid]s These cues are contained in the
acoustic transfer function from a point in spacéhi ear canal of a listener, called a head-
related transfer function (HRTF). HRTFs are measwmader anechoic conditions on human
or artificial heads with small microphones in the eanal. They are strongly dependent on
direction, but also on the head and ear shapéf[d¢oustic transfer functions are measured
in an echoic room, i.e. in the presence of refteiand reverberation, they are referred to
as binaural room transfer functions (BRTFs).

The well-known concept obinaural renderingmakes use of the knowledge of transfer
functions between sound sources and the listeresissignals to create virtual sound
sources which are placed around the listener. i§hdene by convolving a signal with a pair
of HRTFs or BRTFs to produce ear signals as theyldvbave resulted in a real acoustic
environment. Such signals are typically reprodueidheadphones. Alternatively, cross-
talk cancelled loudspeakers can be used [5]. Typipplications of binaural rendering are
auditory virtual displays, gaming and other immegsenvironments.

The input signals for binaural rendering are momoph sounds to be spatialized. Most
existing audio content is produced for loudspeakg@roduction. In order to render such
material for headphone reproduction, each loudsgreakn be represented by a virtual
source placed at a defined location. Each loudsgesignal is filtered by a pair of HRTFs
or BRTFs corresponding to this location. Finallye filtered output signals for each ear are
summed to form the headphone output channel.
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Figure 1: Decoding and binaural rendering of mulliannel signals.

In Figure 1 the straightforward process of decodamgl binaural rendering of a discrete
multi-channel signal is depicted. First, the auditstream is decoded to N channels. In the
subsequent binaural rendering stage each loudspesigeal is then rendered for
reproduction via two ear signals, yielding a totamber of 2xN filters. Depending on the
number of channels and the length of the filtdrs process can be demanding in terms of
both computational complexity and memory usage.

Binaural rendering has several benefits for the.uSance the important cues for spatial
hearing are conveyed, the user is able to loca@mends in direction and distance and to
perceive envelopment. Sounds appear to originatewstiere outside the listener’'s head as
opposed to the in-head localization that occurshwibnventional stereo headphone
reproduction. The quality of binaural renderingnm®stly determined by the localization
performance, front-back discrimination, externalmaand perceived sound coloration.
Some studies show that there is a benefit in usndvidualized HRTF for binaural
rendering, i.e. using the user's own HRTFs. Howgeareful selection of HRTFs allows
good localization performance for many subjects [B]addition, tracking of the listener’s
head and updating the HRTF filtering accordingly &arther reduce localization errors and
create a highly realistic virtual auditory enviroamt [7]. Another kind of interaction is the
modification of the position of the virtual sourd®sthe user. The aforementioned scenarios
require that there is a defined interface such difedrent HRTFs/BRTFs can be applied to
the binaural rendering process.

3. MPEG Surround technology

This section provides a brief description of theB@Surround technology. First, the basics
of MPEG Surround will be discussed. Afterwards,irmnoduction of the decoder structure

will be given. The section will then conclude wiim outline of a selection of important

MPEG Surround features.

3.1. Spatial Audio Coding concept

MPEG Surround is based on a principle called SpAtidio Coding (SAC). Spatial Audio
Coding is a multi-channel compression techniqué éxaloits the perceptual inter-channel
irrelevance in multi-channel audio signals to achibigher compression rates.

This can be captured in terms of spatial cuespaeameters describing the spatial image of
a multi-channel audio signal. Spatial cues typycaitlude level/intensity differences, phase
differences and measures of correlation/cohereatgden channels, and can be represented
in an extremely compact way.
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During encoding, spatial cues are extracted from riulti-channel audio signal and a
downmix is generated. Typically, backwards-compatdownmix signals will be used like
mono- or stereophonic signals. However, any nunobehannels that is smaller than that
used for the original audio can be used for therdoix. In the remainder of this section a
stereophonic downmix will be assumed.

The downmix can then be compressed and transmitibdut the need to update existing
coders and infrastructures. The spatial cues @psitle information) are transmitted in a
low bitrate side channel, e.g. the ancillary datgipn of the downmix bitstream.

For most audio productions both a stereo as wed &sl multi-channel mix is produced
from the original multi-track recording by an audimgineer. Naturally, thautomated
downmix produced by the spatial audio coder cafedgignificantly from theartistic stereo
downmixas intended by the audio engineer. For optimalwaott compatibility, this artistic
downmix can be transmitted instead of the automdtsdhmix. The difference between this
artistic stereo downmix and the automated stereenduox signal, required by the decoder
for optimal multi-channel reconstruction, can beem as part of the spatial side information
stream either in a parametric fashion for low b&rapplications or as a wave-form coded
difference signal.

On the decoder side, a multi-channel up-mix isteiérom the transmitted downmix signal
and spatial side information. In this respect, $patial Audio Coding concept can be used
as a pre- and post-processing step to upgradengxsststems. Figure 2 illustrates this for a
5.1 original with a stereo downmix.
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E—» . Stereo Stereo g —
=) down-mix h h up-mix
= . signal signal P
O__ ,processing Stereo R Stereo processing

— Coder Decoder L

Reconstructed original
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Figure 2: Typical SAC encoder/decoder chain.

Conceptually, this approach can be seen as an esmimant of several known techniques,
such as an advanced method for joint stereo codingnulti-channel signals [8], a
generalization of Parametric Stereo [9] [10] [1d] multi-channel application, and an
extension of the Binaural Cue Coding (BCC) scheh2g [13] towards using more than one
transmitted downmix channel [14].

From a different viewpoint, the Spatial Audio Cogliapproach may also be considered an
extension of well-known matrix surround schemes ligpoSurround/Prologic, Logic 7,
Circle Surround etc.) [15] [16] by transmissiond#dicated side information to guide the
multi-channel reconstruction process and thus &ehimproved subjective audio quality
[17].

3.2. MPEG Surround decoder

3.2.1. Decoder structure

In an MPEG Surround decoder, the decoded (i.e. P@wnmix signal is up-mixed by a
spatial synthesis process using the transmittediatpaues. Due to the frequency
dependence of the spatial side information the downs analyzed by a hybrid filterbank



24th TONMEISTERTAGUNG — VDT INTERNATIONAL CONVENTION, November, 2006

before spatial synthesis, and the multi-channednsttuction is re-synthesized by a hybrid
synthesis filterbank. This is shown in Figure 3.
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Figure 3: High level MPEG Surround decoder structure.

Spatial synthesis is applied to this time-frequerggyresentation by matrix transformations
where the matrices are calculated for defined range time and frequencytiles)
parameterized by the spatial side information.

3.3. MPEG Surround features

This section highlights some important featuresMPEG Surround. For a thorough
description of features the reader is referred 8[19][20].

3.3.1. Rate/Distortion scalability

In order to make MPEG Surround useable in as mamplications as possible, it is
important to cover a broad range, both in termsidé information rates and multi-channel
audio quality. There are two different focus aneathis trade-off:

« Downmix,

» Spatial side information.
Although not completely orthogonal, the perceptgaiality of the downmix largely
determines thesoundquality of the multi-channel reconstruction wherehe spatial side
information mainly determines the quality of thesglization of the up-mix.
In order to provide the highest flexibility on tipart of the spatial side information and to
cover all conceivable application areas, the MPE@GdInd technology was equipped with
a number of provisions for rate/distortion scali#pilThis approach permits one to flexibly
select the operating point for the trade-off betwsile information rate and multi-channel
audio quality without any change in its generiaustiire. This concept is illustrated in
Figure 4 and relies on several dimensions of sdajathat are briefly described in the list
below.

Transparency

Multi-Channel Quality

Matrixed
Surround

»

Spatial Parameter Bitrate

Figure 4. Rate/Distortion scalability.
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» Parameter frequency resolution
A first degree of freedom results from scaling tregjuency resolution of spatial
audio processing. Currently the MPEG Surround syntavers between 28 and a
single parameter frequency band.

» Parameter time resolution
Another degree of freedom is available in the terapoesolution of the spatial
parameters, i.e., the parameter update rate. THEGVIBurround syntax covers a
wide range of update rates and also allows for tauapthe temporal grid
dynamically to the signal structure.

» Parameter quantization resolution
As a third possibility, different granularities foransmitted parameters can be
used. Using low-resolution parameter descripti@nadcommodated by dedicated
tools, such as th&daptive Parameter Smoothingechanism [20].

» Parameter choice
Furthermore, there is a choice as to how exterthizéransmitted parameterization
describes the original multi-channel signal. Asexample, the number of inter-
channel coherence values (ICC) transmitted to cheniae the wideness of the
spatial image may be as low as a single valueiperfrequency tile.

* Residual coding
Finally, it is recognized that the quality leveltae multi-channel reconstruction is
limited by the limits of the parametric model us&terefore, the MPEG Surround
system supports “residual coding” which is a wawe¥rf coding extension that
codes the error-signal originating from the linofshe parametric model.

Together, these scaling dimensions enable operatiarwide range of rate/distortion trade-
offs from side information rates below 3 kbit/s3® kbit/s and above.

Although MPEG Surround offers the most efficientltmchannel coding to date while at
the same time allowing for a backwards compatilgerrtmix signal, there are applications
where, due to the construction of the transmisdidmastructure, no transmission of
additional (however small) side information is pbks In order to account for this, the
MPEG Surround decoder can be operatednoraguidedmode. This means that the multi-
channel signal is recreated based solely on thiableadownmix signal without the MPEG
Surround spatial data, and no spatial side infaonds transmitted in this mode. However,
due to its adaptive nature, this mode still progitetter quality than matrix surround based
systems.

3.3.2.  Matrix surround capability

Besides a conventional stereo downmix, the MPEQdBad encoder is also capable of
generating a matrix surround compatible stereo dewnsignal. This feature ensures

backward-compatible 5.1 audio playback on matrixraaind decoders not supporting

MPEG Surround. In this context, it is importantetiasure that the perceptual quality of the
multi-channel reconstruction is not affected byl#img the matrix surround feature.

The matrix surround capability is achieved by usangarameter-controlled post-processing
unit that acts on the stereo downmix at the encedds. A block diagram of an MPEG

Surround encoder with this extension is shown gufé 5.

The matrix surround enabling post-processing umiplemented as a matrix transformation,
operates in time-frequency domain on the outputthef spatial analysis block and is
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controlled by the spatial parameters. The transftion matrix is guaranteed to have an
inverse which can be uniquely determined from thetial parameters in the bitstream.
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Figure 5: MPEG Surround encoder with post-processorgifatrix surround (MTX) compatible
downmix.

In the MPEG Surround decoder the process is rederge a complementary pre-processing
step is applied to the downmix signal before entethe spatial synthesis process.

The matrix surround compatibility comes without asignificant additional spatial
information (1 bit indicates whether it is enabletihe ability to invert the matrix surround
compatibility processing guarantees that thereoisnegative effect on the multi-channel
reconstruction quality. Furthermore, this featunaldes optimal performance of the above-
mentioned non-guided mode within the MPEG Surrdiuachework.

3.3.3. Binaural rendering

One of the most recent extensions of MPEG Surroisndhe capability to render a
3D/binaural stereo output. Using this mode, congamsan experience a 3D virtual multi-
channel loudspeaker setup when listening over Headys. This extension is of significant
interest for mobile devices (such as DVB-H recesyemd will be outlined in more detall
below.

4. MPEG Surround binaural rendering

4.1. Application scenarios

Two distinct use-cases are supported. In the fist case, referred to a8D, the
transmitted (stereo) downmix is converted to a 3adphone signal at trencoderside,
accompanied by spatial parameters. In this use gy stereo devices will automatically
render a 3D headphone output. If the same (3Dré#ts is decoded by an MPEG Surround
decoder, the transmitted 3D downmix can be congleide(standard) multi-channel output
optimized for loudspeaker playback.

In the second use case, a conventional MPEG Suiralanvnmix / spatial parameter
bitstream is decoded using a so-callbthaural decodingmode. Hence the 3D/binaural
synthesis is applied at tidecoderside.

Within MPEG Surround, both use cases are coveratyus new technique for binaural
audio synthesis. As described previously in Sectiothe synthesis process of conventional
3D synthesis systems comprises convolution of eathbal sound source with a pair of
HRTFs (e.g., 2N convolutions, with N being the nembf sound sources). In the context of
MPEG Surround, this method has several disadvasitage
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* Individual (virtual) loudspeaker signals are reqdifor HRTF convolution. Within
MPEG surround this means that multi-channel degpdis required as an
intermediate step.

* It is virtually impossible to ‘undo’ or ‘invert’ #a encoder-side HRTF processing at
the decoder (which is needed in the first use tadeudspeaker playback).

» Convolution is most efficiently applied in the FElbmain while MPEG Surround
operates in the QMF domain.
To circumvent these potential problems, MPEG Surdo8D synthesis is based on new
technology that operates in the QMF domain withotérmediate multi-channel decoding.
The incorporation of this technology in the twofelieént use cases is outlined in the sections
below.

4.2. HRTF parameters

MPEG Surround facilitates the use of HRp&rameters Instead of describing HRTFs by
means of a transfer function, the perceptuallyaaie properties of HRTF pairs are captured
by means of a small set of statistical properfidse parameterization is especially suitable
for anechoic HRTFs and works in a similar way as ¢patial parameterization of multi-
channel content that is used in MPEG Surround.rReters are extracted as a function of
frequency (i.e., using the concept of non-uniforndistributed parameter bands) and
describe the spectral envelopes of an HRTF pake, dlerage phase difference and
optionally the coherence between an HRTF pair. phigess is repeated for the HRTFs of
every sound source position of interest.

Using this compact representation, the perceptuadlievant localization cues are
represented accurately, while the perceptual weglee of fine-structure detail in HRTF
magnitude and phase spectra is effectively expldd][22]. More importantly, the HRTF
parameters facilitate low-complexity, parameterdohbinaural rendering in the context of
MPEG Surround.

4.3. Parameter-based binaural rendering

As described in the previous sections, the spgizmhmeters describe the perceptually
relevant properties of multi-channel content. le &tontext of binaural rendering, these
parameters describe relations between virtual ssondces (e.g., virtual loudspeakers). The
HRTF parameters, on the other hand, describe thgam between a certain sound source
position and the resulting spatial properties oé thignals that are presented over
headphones. Consequently, spatial parameters afidF arameters can be combined to
estimate so-called ‘binaural’ parameters (see Eigir

These binaural parameters represent binaural grepde.g., binaural cues) that are the
result of simultaneous playback of all virtual sdwsources. Said differently, the binaural
parameters represent the changes that a monorep stewnmix signal must undergo to
result in a binaural signal that represents altuair sound sources simultaneously, but
without the need for an intermediate 5.1 signal presemtaiihis shift of HRTF processing
from the traditional signal domain to the parameatemain has the great advantage of a
reduced complexity as will be shown in section 5.
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Figure 6: Binaural parameters result from spatial pareters and HRTF parameters

4.4. Extension to high quality and echoic HRTFs

A starting point for the accurate (i.e. non-paramgtmodeling of HRTFs/BRTFs of
arbitrary length is the observation that any FIRfican be implemented with high accuracy
in the subband domain of the QMF filter bank usedViPEG Surround. The resulting
subband filtering consists of simply applying onR Filter per subband. An FIR filter in the
time domain is converted into a collection of 64n@bex subband filters. In fact, the filter
conversion algorithm itself consists of a compleoxduated analysis filter bank very similar
to the MPEG Surround analysis bank, albeit withfi@i@nt prototype filter.

It is important to note that a straightforward gaiigse implementation [23] of filtering in a
subband filterbank would result in cross filteringtween different subbands. The absence
of cross filter terms is the key enabling factartfee combination of HRTF/BRTF data with
the MPEG Surround parameters, as it allows this bioation to be performed
independently in each of the MPEG Surround paranfietguency bands.

4.5. Binaural Decoding

The binaural decoding scheme is outlined in Figurd&he MPEG surround bitstream is
decomposed into a downmix bitstream and spatiaamaters. The downmix decoder
produces conventional mono or stereo signals whieh subsequently converted to the
hybrid QMF domain by means of the MPEG Surroundridy@MF analysis filter bank. A
binaural synthesis stage generates the hybrid QMfath binaural output by means of a 2-
in, 2-out matrix operation. Hence no intermediateltnithannel up-mix is required. The
matrix elements result from a combination of trengmitted spatial parameters and HRTF
data. The hybrid QMF synthesis filter bank generdatee time-domain binaural output
signal.
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Figure 7: Binaural decoder schematic.

In the case of a mono downmix, the 2x2 binaurattsysis matrix has as inputs the mono
downmix signal, and the same signal processed ljecrrelator. In case of a stereo
downmix, the left and right downmix channels fotma input of the 2x2 synthesis matrix.
The parameter combiner that generates binaurahayist parameters can operate in two
modes. The first mode is a high-quality mode, incPHRTFs of arbitrary length can be
modelled very accurately, as described in Sectidn®he resulting 2x2 synthesis matrix for
this mode can thus have multiple taps in the tisiet) direction. The second mode is a
low-complexity mode using the parameter-based memgleas discussed in Section 4.3. In
this mode, the 2x2 synthesis matrix has therefolg a single tap in the time direction.
Furthermore, since interaural fine-structure pl@gghesis is not employed for frequencies
beyond approximately 2.5 kHz, the synthesis masrneal-valued for approximately 90% of
the signal bandwidth. This is especially suitabbe fow-complexity operation and/or
representing short (e.g., anechoic) HRTFs. An audit advantage of the low-complexity
mode is the fact that the 2x2 synthesis matrix baninverted, which is an interesting
property for the ‘3D’ use case, as outlined subsaty.

4.6. 3D-Stereo

In this use case, the binaural processing is apphiethe encoder, resulting in a binaural
stereo downmix that can be played over headphondegacy stereo devices. A binaural
synthesis module is applied as a post-processag ater spatial encoding in the hybrid
QMF domain, in a similar fashion as the matrixed-aund compatibility mode (see Section
3.3.2). The 3D encoder scheme is outlined in Eg8r The 3D post-processing step
comprises the same invertible 2x2 synthesis mafsixised in the low-complexity binaural
decoder, which is controlled by a combination of THRdata and extracted spatial
parameters. The HRTF data can be transmitted dsopéine MPEG Surround bitstream
using a very efficient parameterized representation

10
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Figure 8: 3D encoder schematic

The corresponding decoder for multi-channel loudkpe playback is shown in Figure 9. A
3D/binaural inversion stage operates as a pre-psoug step before spatial decoding in the
hybrid QMF domain, ensuring uncompromised qualiyrhulti-channel reconstruction.
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Figure 9: 3D decoder for loudspeaker playback.

4.7. 3D Stereo using individual HRTFs

In the 3D-stereo use case, HRTF processing iseapplithe encoder. It is therefore difficult
to facilitate 3D rendering on legacy decoders WHRTFs that are matched to the
characteristics of each listener (i.e., using i@l HRTFs). MPEG Surround, however,
does facilitate 3D rendering with individual HRTFsven if a 3D-stereo downmix was
transmitted using generic (i.e., non-individualigétRTFs. This is achieved by replacing
the spatial decoder for loudspeaker playback (spad9) by a spatial decoder for binaural
synthesis, controlled by the individual’'s persoHRTF data (see Figure 10). The binaural
inversion stage re-creates conventional stereo fthen transmitted 3D downmix, the
transmitted spatial parameters and the non-indalided HRTF data. Subsequently, the
binaural re-synthesis stage creates a binauratcstegrsion based on individual HRTFs,
supplied at the decoder side.

In the low-complexity mode, binaural inversion dridaural synthesis both comprise a 2x2
matrix. Hence the cascade of binaural inversion bindural re-synthesis is again a 2x2
matrix (resulting from a matrix product) and cangtbe implemented very efficiently. As a
result, the decoder complexity using the combingdhlral inversion and re-synthesis is
similar to the complexity of the low-complexity laaral decoder alone.

11
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Figure 10: Binaural (re)synthesis using individual HRSTbased on a 3D-stereo downmix.

4.8. 3D sound for stereo loudspeaker systems

MPEG Surround provides standardized interfaceHieiF data (either in the parametric
domain or as an impulse response), and thus ensoagsnum flexibility for content
providers, broadcasters and consumers to optimegack according to their needs and
demands. Besides the use of personal HRTFs foruk@haendering, this flexibility
facilitates additional functionality. One examplesuch functionality is the possibility of
creating 3D sound using a conventional stereo plelylsystem. A well-known approach for
creating 3D sound over stereo loudspeakers is laséte concept afrosstalk cancellation
[5], [24]. Technology based on this principle aiatsextending the possible range of sound
sources outside the stereo loudspeaker base bygllzinn of inherent crosstalk (see Figure
11). In practice, this means that for every souadree, two filters (K,) are applied to
generate two signals that are fed to the two loeakgrs. In most cases, these filters differ
between sound sources to result in a differentgdeed position of each sound source.

Source 1 Source 2

Figure 11: Crosstalk (dashed lines) and crosstalkazdlation filters (H,) for 2 sound sources.

The processing scheme for multiple simultaneousid@ources is, in fact, identical to the
(conventional) HRTF processing scheme depictedigairE 1, with the only modification
that the HRTFs are replaced by crosstalk-cancefiafilters. As a result, the crosstalk
cancellation principle can be exploited in MPEG rBund decoders by re-using binaural
technology. For each audio channel (for exampleaib.1l setup), a set of crosstalk
cancellation filters can be provided to the binhdexoder. Playback of the decoded output
over a stereo loudspeaker pair will result in tlesiced 3D sound experience. Compared to
conventional crosstalk cancellation systems, th@iegdion of these filters in the context of
MPEG Surround has the following important advansage

» All processing is performed in a 2x2 processing rimatithout the need of an
intermediate 5.1 signal representation.
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* Only 2 synthesis filterbanks are required.

* Freedom of crosstalk-cancellation filter desighe filters can be optimized for each
application or playback device individually.

5. MPEG Surround Binaural Performance

This section presents results from recent listet@sgs conducted within the context of the
MPEG standardization process. Two types of teste wenducted: (1) individualized sound
localization tests [25] were conducted to examime $pectral resolution required in the
QMF domain for an adequate parameter-based repatieenof HRTF information; and (2)
several MUSHRA [26] tests were conducted to perapt evaluate the performance of the
binaural decoding and 3D stereo encoding technedodi brief description of the tests and
their results follow.

5.1. Sound Localization Test

5.1.1. Stimuli

A sound localization experiment was conducted nmual auditory space to examine the
spatial fidelity of a Gaussian broadband noise a®50ms duration with raised-cosine
time envelope). Two normally-hearing subjects pented the localization task for two

sound conditions: (1) a control sound conditionvimich the binaural stimuli were prepared
using normal HRTF filter convolution; (2) a testusd condition in which the binaural

stimuli were prepared using a 28 QMF band paranieieed binaural rendering as
described in Section 4.3. The subject’s individzedi HRTF filters were measured for 393
positions evenly spaced around an imaginary spbeeemeter in radius about the subject’s
head.

5.1.2. Experimental paradigm

Localization performance was assessed using a posding task. For this task, an
electromagnetic tracking system (Polhemus Fastiskliised to measure the subject’s
perceived sound source location relative to thdreeof the subject’'s head. The sensor is
mounted on top of a rigid headband worn by theextibPrior to each stimulus presentation,
the subject aligns his/her head to a calibrated ptsition with the aid of an LED display.
After pressing a handheld pushbutton, the stimigugplayed over in-ear tube phones
(Etymotic Research ER-2). The subject respondsibyyrtg and pointing his/her nose to the
perceived position of the sound source and onc ggasses the handheld pushbutton. The
controlling computer records the orientation of #ectromagnetic sensor and the subject
returns to the calibrated start position for thetnstimulus presentation. Localization
performance is assessed for three repeats of Tl®tesions spaced around the subject.

5.1.3. Localization results

The positions on a sphere can be described udatgral and polar angle coordinate system.
The lateral angle is the horizontal angle away ftbenmidline where negative lateral angles
(down to -90°) define the left hemisphere and pasikateral angles (up to +90°) define the
right hemisphere. The lateral angle describes ipositfor which binaural cues, such as
interaural time and level differences are very EmiThe polar angle is the angle on the
circle around the interaural axis, for a givenratangle, with 0° representing the horizontal
plane in front, 90° representing directly above0°18epresenting behind and 270°
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representing directly below. Localization on thdapaangle depends on the spectral cues
generated by the directionally dependent filterioig the outer ear. Figure 12 shows
localization data for both subjects for the latenadl polar angle. The data indicate that there
were no substantial differences in localizatiorf@renance across conditions.
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Figure 12. The lateral angle component (left) ang plolar angle component (right) of the localization
performance data is shown for both subjects usisgadter plot.

5.2. MUSHRA Tests

5.2.1. Test Setup

Subjective listening tests were conducted to evaltize fidelity of the binaural rendering
process within MPEG Surround. The experiments weralucted in virtual auditory space
using the MUSHRA testing methodology.

There were two sets of tests, one for the binaeradering technique that occurs within the
decoder, referred to as thehaural decoderand one for the binaural rendering technique
that occurs within the encoder, referred to as 3bBestereo encoderFor both binaural
rendering techniques, tests were carried out usoth a TC1 and TC3 configuration. For
TC1, a stereo AAC core coder is used operating@tkbps stereo. For TC3 in the binaural
decoder test, a monaural HE-AAC core coder is eyggisuch that the total bitrate of core
coding and spatial side information amounts to BBsk For TC3 in the 3D-stereo test, a
stereo HE-AAC core coder with a bitrate of 48 kigpased. For the AAC core coder, 1000
tap BRTF filters were used while for the HE-AAC earoder, KEMAR HRTF filters [27]
were used. A number of reference signals were greglauring the testing and these are
listed in Table 1. Table 2 summarizes the testigardtions and shows the size of the
MUSHRA tests.

5.2.2. Testresults

The MUSHRA test results for the binaural decoder givown in Figure 13. Similarly, the
MUSHRA test results for the 3D stereo encoder hoave in Figure 14.
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Label Description
Ref Original 5.1 item downmixed to binaural withnemon HRTF set
Ref-3.5k | Anchor, 3.5 kHz low-pass filtered referenc
RMB MPEG Surround (RM) decoder 5.1 output downmixed binaural with
common HRTF set
ADG Ref downmixed to 3D/binaural and core-coded /(8maural downmix as
Artistic Downmix, see section 3.1)
RMS MPEG Surround (RM) decoder 5.1 output downmitesitereo
Table 1 —Signals under test
Rendering| Test| Core coder| Binaural | Number of| Number of] Number of
technique | case| Bitrate Filter stimuli subjects | rejections
Binaural TC1 AAC BRTFs 8316 84 11
decoder 160kbps 1000 taps
TC3| HE-AAC HRTFs 9108 92 8
48kbps (KEMAR)
3D stereo | TC1 AAC BRTFs 4235 77 17
encoder 160kbps 1000 taps
TC3| HE-AAC HRTFs 3036 46 7
48kbps (KEMAR)
Table 2 — Size of the MUSHRA tests.
N s bttt
| | F =3 | | | ? %\ }\ P B Ref | | | | | | | | | | | B Ref
oD O n o B o o
3"”7’%£1’%T’Jﬁ’ 1’}#?7?7%&3’ QUF binaural 80‘%%L§%L%}%L 171 4 QUF binaural
| P T R R filtering i i i i i i i i i %i =\ filtering
T T T T T L QUIF parameter- Goﬁﬁffﬂlﬂfﬁf ST T T QMF parameter-
N N R based hinaural S T S R R R based binaural
e Y ) O S
S T T R B R R 1 S T R T R H RMB
aprgodrb b gap e iaggre W F 1t E s TR R e e
A A S T R T R W Ref-3.5k
Ob —t----r-T----rF-T-A----r- OF ~1-m-=;F-r-a1---r-T--=-r-1-o
Figure 13. MUSHRA test results for the binaurataer in TC1 configuration (left) and TC3 configtioa

(right). Mean opinion score is shown on the velitezds and the audio test items are shown on thizbwtal axis.
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Figure 14. MUSHRA tests results for the 3D stereo @eicim TC1 configuration (left) and TC3

configuration (right). Other details as in Fig. 13.

For benchmarking, the complexity of the MPEG Sunbinaural rendering techniques has
been analyzed in terms of multiply-accumulate opana. Figure 15 shows a 2-D
representation of the quality versus complexity hams. Note that the RMB reference
condition (MPEG Surround decoding followed by a#iitt external HRTF filtering in the

FFT domain) has been included.
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Figure 15. Quality versus complexity for MPEG Sumrd binaural rendering techniques.
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6. Applications

The binaural rendering capability of MPEG Surroumthgs surround sound to portable
devices to an extent not previously possible. MP&@Ground offers, by means of the
binaural decoding functionality, a surround soumhfat that is suitable for stationary home
devices, car radios etc., as well as portable devidhe following section gives a few
examples of interesting applications that can hasened for the binaural rendering modes
of MPEG Surround.

Digital Radio Broadcasting. Surround sound in radio broadcasting is partitular
interesting for car-radio applications since tlselner’s position is fixed with respect to the
loudspeakers. Hence, MPEG Surround with its iniestareo backwards compatibility is
ideal for this application. A legacy “kitchen ratlidevice (where typically the listener is
moving around doing other things while listeningthe radio) will play the stereo signal,
while the car-radio can decode the MPEG Surrountd dad render the multi-channel
signal. In a similar manner a legacy portable radioeiver will play the backwards
compatible stereo part of the MPEG Surround stredmnte a binaural MPEG Surround
equipped portable radio-receiver, will operateha binaural decoding mode and provide a
surround sound listening experience over headphondise listener.

Digital Video Broadcasting The MPEG Surround binaural rendering capabilisy i
particularly attractive for TV/Movie consumption portable devices. Since surround sound
has an important place in TV and Movies it is iaging to maintain this for portable
consumption such as with DVB-H. For this applicattdPEG Surround is ideal, not only
because it enables surround sound at a very lowtdjtbut also because it enables the
surround sound experience over headphones on fEdabces.

Music Download Services There are several popular music store servicagaile as of
today, either for download of music over the In&trre.g. “iTunes Music Store”, or for
download of music directly to the mobile-phone,.&dPDl's EZ “Chaku-Uta Full™”
service. These make a very interesting applicatbtoiMPEG Surround. Since the MPEG
Surround data adds a minimal overhead to the egistiereo data, storing surround files on
devices limited by disk space poses no problems.

One could envision a portable music player thatemltonnected to the home stereo
equipment, decodes the MPEG Surround files storedhe player into surround sound
played over the home speaker set-up. However, vilherplayer is “mobile” i.e. carried
around by the user, the MPEG Surround data is @getoto binaural stereo enabling the
surround sound experience on the mobile devicalllyinthe legacy player can store the
same files (with very limited penalty on storageasg, and play the stereo backwards
compatible part.

7. Conclusions

Recent progress in the area of parametric codinghati-channel audio has led to the
MPEG Surround specification which provides an effit and backward compatible
representation of high quality audio at bitratesnparable to those currently used for
representing stereo (or even mono) audio signalkileWthe technology was initially

conceived for use with conventional loudspeakera®yction, the idea of accommodating
multi-channel playback on small mobile devices @& number of interesting additions to
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the specification. These extensions combine t@thli approaches for binaural rendering
with the MPEG Surround framework in an innovativaywln this way high-quality binaural

rendering of surround sound is achieved even wetly \imited computational resources, as
they are typically available on mobile devices likell phones, mp3 players or PDAs.
Several options for binaural rendering are ava@labhcluding approaches that allow
binaural rendering even on legacy devices. The dibgnof binaural technology with

parametric modeling techniques enables a wide rarigatractive applications for both

mobile and stationary home use and makes MPEG @wran attractive format for the

unified bitrate-efficient delivery of multi-channgbund.
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