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1 3GPP technical specifi-
cations are available for
download at
www.3gpp.org. We simply
provide specification
numbers for easy consul-
tation.

ABSTRACT

This article presents the architecture, perfor-
mance, and application scenarios of the AMR-
WB+ (Extended AMR-WB) audio codec, which
provides high quality at exceptionally low rates,
and consistent quality over all audio types. This
codec was recently selected by 3GPP and DVB
to support low-bit-rate audio and audiovisual
applications on mobile networks.

INTRODUCTION

Recent advances in mobile networking and
device technologies have enabled the introduc-
tion of innovative multimedia services delivered
to wireless devices. Market evidence from
around the world clearly demonstrates the grow-
ing popularity of mobile multimedia services
such as streaming, downloading, and uploading
of audio and audiovisual content.

Deploying mobile multimedia services imposes
tough requirements on the network to ensure a
consistent and satisfactory end-user experience.
The Third-Generation Partnership Project (3GPP)
has defined new mobile multimedia services over
2.5G (GPRS) and 3G (UMTS) networks, which
exploit the enhanced data capacity of these evolved
networks. The underlying standards specify packet-
switched streaming service (PSS) [3GPP TS
22.233], multimedia messaging service (MMS)
[3GPP TS 22.140], multimedia broadcast/multicast
service (MBMS) [3GPP TS 22.246], and IP multi-
media subsystem (IMS) messaging [3GPP TS
22.340] and presence service [3GPP TS 22.141].1
Between these services are also common elements
such as media types and media formats. Content
can be a combination of different media, including
audio and video clips, graphics, images and text.

MMS enables sending and receiving multime-
dia messages between mobile terminals as well
as from a content server to a mobile terminal
and vice versa. MMS is showing growing momen-
tum as adoption of multimedia-capable termi-
nals increases and network interoperability
improves. PSS is a framework for point-to-point
multimedia streaming services. It uses Real-time

Transport Protocol (RTP) to transport media
streams such as audio. MBMS is a point-to-mul-
tipoint service in which the same data is trans-
mitted from a single source entity to multiple
recipients. Two delivery methods have been
specified for MBMS: RTP-based streaming and
downloading that uses the File Delivery over
Unidirectional Transport (FLUTE) protocol
with an associated post-delivery method.

Audio content relevant for these services
includes music, speech, and speech mixed with
diverse audio types as in sportscasts, news, and
movies. Further, the bit rates available for these
services (especially on 2.5G networks) may be as
low as 10 kb/s. Therefore, efficient audio coding
at very low bit rates with consistent performance
over different content types is of prime impor-
tance for the success of these services. Conse-
quently, 3GPP has standardized audio codecs in
order to increase interoperability between net-
works and mobile terminals.

When 3GPP Release 5 was specified, no sin-
gle codec existed that performed suitably well at
the same time for speech and music at the
required low bit rates. The reason is that tradi-
tional speech and audio codecs belong to differ-
ent families of encoding algorithms, each with
well-known strengths and weaknesses. There-
fore, in 3GPP Release 5, the AMR [3GPP TS
26.071] and AMR-WB [3GPP TS 26.171] codecs
were selected to be mandatory for narrowband
and wideband speech services, respectively, and
low-complexity advanced audio coding (MPEG-4
AAC-LC) [1] was recommended for general
audio. AMR-WB delivers high quality for 7 kHz
speech signals at bit rates as low as 12.65 kb/s,
but does not perform well on audio signals. On
the other hand, AAC-LC provides good audio
quality at bit rates above 48 kb/s; however, the
quality degrades significantly at lower rates, in
particular for speech signals. Thus, there was
still a need to fill the gap between those codecs.

In December 2002, a new 3GPP Release 6
work item was approved to extend the AMR-
WB speech coder with the goal of delivering
perceptually high quality for speech, audio, and
mixed content (referred to as extended AMR-
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WB or AMR-WB+). At the same time, aacPlus
(aka MPEG-4 HE AAC) had just been stan-
dardized in MPEG and it was suggested for
adoption by 3GPP for low-bit-rate audio services
replacing AAC-LC. Hence, a process was
launched in 3GPP for testing and selecting audio
codecs for Release 6 multimedia services. A
main requirement was to perform better than
Release 5 codecs (AMR-WB and AAC LC) for
any content type. The testing was divided in two
categories: “low bit rate” for rates at 24 kb/s and
below, and “high bit rate” for rates at 32 and 48
kb/s. The candidates for the high-rate selection
included aacPlus and Enhanced aacPlus (Eaac+)
(aka aacPlus v2). The candidates for the low-rate
selection included those two aacPlus versions
and AMR-WB+. In both testing categories, the
test material used included speech, music, and
speech mixed with different audio content to
reproduce the possible application scenarios for
the targeted bit rates and applications.

In 2004, after extensive selection tests involv-
ing eight listening laboratories, 3GPP selected
both AMR-WB+ [3GPP TS 26.290] and Eaac+
[3GPP TS 26.401] as recommended audio codecs
for Release 6 multimedia services. Both codecs
have their merits in certain application scenar-
ios. Specifically, Eaac+ showed good perfor-
mance for music at high rates, while at low rates
AMR-WB+ performed well for music and exhib-
ited better performance for speech and mixed
content. AMR-WB+ was later selected by Digi-
tal Video Broadcasting (DVB) as an optional
codec for both the generic codec toolbox for
DVB-compliant delivery in RTP packets over IP
networks [2] and in IP datacast (IPDC) over
DVB-H service [3].

This article first discusses the service require-
ments for mobile multimedia services including
PSS, MMS, and MBMS. The 3GPP AMR-WB+
audio coding standard recommended for high-
quality audio compression at low bit rates is
introduced as a necessary ingredient in order to
realize these services. The article is organized as
follows. The next section describes the service
requirements and available audio bit rates for
various radio access technologies. The main fea-
tures of the AMR-WB+ hybrid coding model
are presented. The results from subjective listen-
ing tests illustrating the performance and
strengths of the codec are given. Finally, the last
section gives the conclusions.

SERVICE REQUIREMENTS FOR
AUDIO IN MOBILE
MULTIMEDIA APPLICATIONS

This section discusses the requirements imposed
on the audio codec by various relevant mobile
audio use cases, which are defined for 3GPP
mobile communications using GPRS or UMTS
radio access technology.
The main service requirements are as follows:
* Transmission capacity remains an important
constraint when delivering mobile audio
content.
* The codecs should support compression of a
typical 16-bit stereo PCM audio sampled at

48 kHz to bit rates as low as 10 to 24 kb/s.

* Since the envisioned mobile multimedia ser-
vices include speech together with other
audio content, the codecs should work
equally well for them.

* The codecs have to be robust to wireless
packet-switched data-link impairments such
as frame erasures.

* The decoders in mobile devices must be low
complexity, particularly when having simul-
taneous video and forward error correction
(FEC) decoding.

In the following, the aspects of typical audio
contents and available bit rates depending on
the use case and transport mechanism are out-
lined.

RELEVANT AUDIO CONTENT

Table 1 lists both the relevant and not-applicable
use cases for mobile audio/audiovisual media
distribution covered by the service requirement
specifications for end-to-end PSS, MBMS, and
MMS user services, and MMS in 3GPP systems.
The table provides also information on the envi-
sioned content for the different use cases and
shows that most cases are dominated by speech
and speech mixed with other content (e.g., movie
soundtrack). Music content distribution is an
important exception. All listed cases may com-
prise audio-only or audiovisual content.

AVAILABLE BIT RATES DEPENDING ON
RADIO ACCESS TECHNOLOGY

Although the data-carrying capacity of wireless
mobile networks is constantly increasing, band-
width under real-world operating conditions
remains a limited resource. Therefore, efficient
compression techniques are viable for increasing
the number of users that can be simultaneously
served in a given network and it also reduces the
requirements for content storage space. Table 2
provides examples of the available bit rates for
various 3GPP bearers. Depicted are the total bit
rates supported by the bearer and the available
effective net bit rates for the media composition,
excluding the additional overhead for IP trans-
port and protocols.

For PSS and MBMS streaming of audio-only
content, GPRS using three time slots provides a
maximum bit rate of approximately 24 kb/s,
while UMTS can offer net bit rates of up to
about 48 kb/s (using a 64 kb/s bearer). However,
application-layer FEC mechanisms have been
standardized for MBMS streaming, so the avail-
able net bit rates may in fact be as low as 18 kb/s
(assuming GPRS and about 10 to 15 percent of
the total bit rate to be used for FEC). An MMS
message with 100 kbytes of audio-only content
could include 0.5 min at 24 kb/s or 1 min at 14
kb/s. Correspondingly, a 300-kbyte MBMS mes-
sage could have 1.5 min of audio at 24 kb/s.

With audiovisual content, the bit rates
required for video further reduce the bit rates
available for audio. Although the required video
bit rate is highly dependent on the content, a
reasonable assumption for best-possible audiovi-
sual quality is that video requires about 75 per-
cent of the available bit rate, leaving the
remaining 25 percent for audio. Such an assump-
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a possible coding
mode, as well as a
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technology that
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Transport
Use case D load
Content PSS MMS MBMSs _ownoa
services
Informatlon:.news, sports, stock Speech, mixed Yes Yes Yes Yes
quotes, traffic, weather
Travel guides Speech, mixed Yes Yes N/A N/A
s es: el s 1g e Speech, mixed Yes  Yes N/A N/A
commercials
Edutainment: tralnlr)g, instructional, T Yes Yes Yes Yes
corporate presentations
TV, movies Speech, music, mixed  Yes Yes Yes Yes
Person-to-person MMS Speech, mixed N/A  Yes N/A N/A
Audio content distribution: audio Speech, mixed Yes Yes Yes Yes
books
Audio content distribution: music Music Yes Yes Yes Yes

M Table 1. Audio/audiovisual media distribution use cases and content types by transport mechanism for
mobile media services (“mixed” refers to speech mixed with other content; N/A means not applicable).

tion leads to the audio net rates for audiovisual
content given in Table 2. Clearly, only very low
bit rates of 10 to 16 kb/s or (when FEC is used)
even lower rates are available for audio in this
case. The highest possible rate of about 24 kb/s
could be achieved only when using a more
expensive 128 kb/s bearer.

OVERVIEW OF AMR-WB+

The AMR-WB+ audio codec addresses the
requirements described above, by using a hybrid
coding technology to deliver consistent quality
for both speech and music signals at bit rates
from 6 to 48 kb/s.

AMR-WB+ is an audio codec which con-
tains AMR-WB as a possible coding mode, as
well as a novel hybrid technology that com-
bines the strengths of both audio and speech
codecs. A detailed description of the algo-
rithm can be found in 3GPP TS 26.290 [4].
The hybrid technology includes adaptive code
excited linear prediction (ACELP) coding to
optimally handle speech signals and trans-
form-based coding to effectively represent
richer sounds like music. The AMR-WB+
encoder selects the best coding mode (ACELP
or transform) on a per-frame basis, thereby
providing high-quality across a wide range of
sounds with very efficient use of the available
service bandwidth. In addition, AMR-WB+
integrates a parametric stereo model to
enhance the end-user perception of high-
fidelity sound reproduction at remarkably low
bit rates. Other key considerations behind
AMR-WB+ technology are its built-in robust-
ness to typical network impairments such as
packet losses and its adaptability to varying
available bit rates.

The AMR-WB+ encoder can accept both
mono and stereo signals. The decoder pro-

duces a synthesis signal with the same number
of channels as the encoder input, although
mono output from a decoded stereo signal is
also supported. Numerous sampling frequen-
cies are supported by the encoder, from 8 up
to 48 kHz. The sampling frequency, and thus
the supported audio bandwidth, increases with
bit rate. In mono, bit rates from 6 to 36 kb/s
are supported. In stereo, the bit rate can range
from 8 up to 48 kb/s.

The AMR-WB+ encoder operates at a nomi-
nal internal sampling frequency of 25.6 kHz. The
audio input is first resampled at the internal
sampling frequency, and then split into two
equal bands which are critically downsampled to
12.8 kHz. This allows efficient integration of the
AMR-WB speech encoder, which operates at a
sampling frequency of 12.8 kHz.

Gradual bit rate and bandwidth scaling is
realized by varying the internal sampling fre-
quency from 0.5 to 1.5 times the nominal fre-
quency of 25.6 kHz. Hence, the internal sampling
frequency of AMR-WB+ is in the range 12.8 to
38.4 kHz. The corresponding audio bandwidth
thus ranges from 6.4 kHz (at the lowest bit rates)
to 19.2 kHz (at the highest bit rates). Since the
frame length (in samples) is kept constant, vary-
ing the internal sampling frequency (in kHz) of
the encoder changes the frame duration (in ms)
in an inversely proportional manner. For exam-
ple, if the internal sampling frequency is dou-
bled, then the frame duration is reduced by a
factor of two.

The encoder processes the input signal in
blocks of 2048 samples, independently of the
internal sampling frequency. After band splitting
and critical downsampling, the lower band and
the higher band are thus processed in blocks of
1024 samples. In AMR-WB+, a block of 1024
samples is called a superframe. The superframe
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Audio content

Audiovisual content

Radio access
Transport

Channel bandwidth

Audio (net rate)

Channel bandwidth

Audio (net rate) or

technology or message size or content length or message size content length
GPRS 36 kb/s 24 kb/s 36 kb/s < ~ 10 kb/s
PSS
~ 14 kb/s
UMTS 64 kb/s 48 kb/s 64 kb/s (128 kb/s) (~24 Kbys)
GPRS 36 kby/s < 24 kb/s 36 kby/s < ~ 10 kb/s
MBMS
Service ~ streaming 12-16 kb/s
UMTS 64 kb/s < 48 kb/s 64 kb/s (128 kb/s) (~24 Kbys)
. 0.5 min @ 24 kb/s 75 kbytes (video) +
MMS GPRS/UMTS 100 kbytes (audio) or 1 min @ 14 kb/s 25 kbytes (audio) 20 s @ 10 kb/s
MBMS . 1.5 min @ 24 kb/s 225 kbytes (video) +
download ChECLLE S0 Myies faialis) or 3 min @ 14 kb/s 75 kbytes (audio) CURICALEE

M Table 2. Available audio bit rates or required download time for audio and audiovisual media distribution depending on service and

radio access technology.

in the low band (nominal bandwidth of 0 to 6.4
kHz) is encoded using the hybrid ACELP/TCX
(transform coded excitation) model described
below. The superframe in the high band (nomi-
nal bandwidth of 6.4 to12.8 kHz) is encoded with
only 64 bits (per 1024 samples), using a band-
width extension (BWE) method where only the
energy and spectral envelope are transmitted.

Figure 1 shows high-level diagrams of the
AMR-WB+ encoder and decoder. When pro-
cessing a mono input, the encoder and decoder
are restricted to the shaded area. In stereo oper-
ation, the signals flow through the whole dia-
grams, with the dashed lines removed. In Fig. 1,
the left, right, and mid (or down-mixed from left
and right in stereo) signals are labeled L, R, and
M, respectively. The low-band signals are
indexed LF and the high-band signals are
indexed HF. In Fig. 1a, the preprocessing indi-
cates conditioning filters and resampling to the
internal sampling frequency. The analysis filter-
bank splits the input in the low and high bands.
The downmixing produces mid and side channels
from the left and right channels of a stereo
input. The low band of the mid (or mono) signal
is encoded using the core ACELP/TCX model.
The high band of the mid (or mono) signal is
encoded using BWE, which is denoted as HF
encoding in Fig. 1a. In the specific case of stereo,
a part of the low-band side signal (1-6.4 kHz
nominal) is encoded using a parametric model
briefly described below. The very low frequen-
cies (0-1 kHz nominal) of the side signal are
encoded using the core ACELP/TCX model.
The high band of each channel (left and right)
of a stereo input is encoded separately with the
BWE approach. After quantization and encod-
ing, the different parameters generate a bit-
stream which is multiplexed for transmission.
The decoder, shown in Fig. 1b, demultiplexes
the received bits, decodes them to obtain the
quantized parameters, and then performs the
inverse operations of the encoder to recover a
synthesized audio signal.

In the ACELP/TCX core, each 1024-sample
superframe is divided in four frames of 256 sam-
ples. Each frame can be encoded in one of four
possible modes:

* As a 256-sample AMR-WB frame

¢ As a 256-sample TCX frame

e As part of a 512-sample TCX frame, in
which case two consecutive frames are con-
catenated in a single larger frame before
applying transform coding

e As part of a 1024-sample TCX frame, in
which case the whole superframe is encod-
ed in one single transform.

In transform mode, the spectral coefficients are

quantized in eight-dimensional blocks using a

technique called scalable algebraic vector quanti-

zation (VQ) [5]. Note that in the TCX mode,

the frame is extended with a lookahead which is

needed for overlapping transform windows. The

use of different modes and frame sizes achieves

better encoding of different types of sounds

(e.g., speech, sustained audio, attacks) by allow-

ing a trade-off between time and frequency reso-

lution. More details on this hybrid ACELP/TCX

technique can be found in [6].

A key component of the encoder is mode
selection — choosing the most suitable mode
combination for each superframe. Mode selec-
tion can be performed in either closed-loop or
open-loop, depending on the complexity con-
straints at the encoder. Closed-loop mode selec-
tion is more complex than open-loop mode
selection since it involves encoding the input sig-
nal more than once before selecting the best
mode. Low-complexity open-loop mode selec-
tion results in some quality degradation especial-
ly for nonspeech signals.

The effectiveness of AMR-WB+ in providing
various encoding modes is illustrated by the fol-
lowing mode distributions measured for different
content types. Typical stationary instrumental
music: ACELP (1 percent), TCX-256 (4 per-
cent), TCX-512 (15 percent), and TCX-1024 (80
percent). Pop music: ACELP (11 percent), TCX-
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AMR-WB+ uses a
novel highly efficient
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Since the encoder
uses both
time-domain and
frequency-domain
coding, a time-
domain interchannel
prediction approach
is used.

LHF HF parameters
. »  HF encoding >
Input signal ) )
L HF signals folded in
[ RHF 0-Fs/4 kHz band HF parameters
. »  HF encoding >
Input signal !
R |
Me ; T Mode N
Input signal = . Mis IF Monot e
M reprocessing parameters
_________ »| and analysis |-------------------- AiFELZ/?;SX » MUX
filterbank Cheeeig
Mrr
Lir > Stereo
> D parameters
o m’i::(m; Stereo -~
(LR) encoding
to SLF
Rir (M.S) >
LF signals folded in .
0-Fs/4 kHz band |:| Mono operation
(a)
HF parameters L L
» HF decoding >
HF signals folded in
HF parameters Rup  OFs/4 kHz band .
> HF decoding - > S
Mode ; ; Qutput signg]
! M
— Y s N _ |output signg!
DEMUX IF Mono ; Synthesis R
parameters Mrir ilterbank and
o ACELPTCX | .. ing|Output signal
decoding »{postprocessing ___RM_g_i
Stereo LLF
parameters y R
> Stereo "
decoding RLF
|:| Mono operation
(b)

M Figure 1. a) Structure of the AMR-WB+ encoder; b) structure of the AMR-WB+ decoder.

256 (17 percent), TCX-512 (36 percent), and
TCX-1024 (36 percent). Speech from several
male and female talkers: ACELP (48 percent),
TCX-256 (25 percent), TCX-512 (17 percent),
and TCX-1024 (10 percent). This last example
also shows that the TCX mode can be useful
even for speech signals (stationary segments).

ENCODING THE HIGH FREQUENCIES

Recall from Fig. 1a that the input audio signal
(mono signal, or downmix from stereo) is divid-
ed in two bands. The first, 6.4 kHz sampled at
12.8 kHz, is encoded with the core ACELP/TCX
model as described above. Then the frequencies
with above content at 6.4 kHz (signal Myp in
Fig. 1a) are encoded using a BWE approach.
The approach consists of extracting a parametric
representation, namely, the spectral envelope
and gains, which are quantized and sent to the
decoder. The spectral envelope is calculated
once for the whole frame while the gains are cal-

culated at every 64 samples. The spectral fine
structure of the high-frequency signal is extrapo-
lated at the decoder from the low-band excita-
tion signal (0-6400 Hz nominal range), which is
available from the encoded low-frequency signal
MLF-

STEREO ENCODING

AMR-WB+ uses a novel highly efficient para-
metric stereo coding technique. Since the
encoder uses both time-domain and frequency-
domain coding, a time-domain interchannel
prediction approach is used. Further, perceptu-
ally important cues for sound localization are
low-frequency interchannel time differences
and high frequency interchannel level differ-
ences. This suggests a division of the full fre-
quency band into at least a low band and a high
band. A low band (0-1 kHz) is encoded accord-
ing to a waveform coding technique. A stereo
balance factor is firstly derived, representing
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the ratio between the mono and side signal lev-
els. Subsequently, in order to provide the per-
ceptually important time resolution of the
low-band stereo image, a critically down-sam-
pled representation of the normalized side sig-
nal is waveform encoded. The coding is done in
the frequency domain using a closed-loop vari-
able-frame-length technique and algebraic VQ,
reapplying the TCX coding methods of the core
ACELP/TCX algorithm. In addition, a supple-
mentary TCX mode using time-domain enve-
lope shaping is used in order to efficiently
encode the transient signals. Correspondingly,
frame-length candidates are chosen from the
total length of one superframe or subdivisions
of length equal to one-quarter or one-half of
the total length of the superframe. For frequen-
cies above 1 kHz, the coding merely aims to
match a target spectral shape. Specifically, band
decomposition as in the mono case is used
where the band up to 6.4 kHz is encoded
according to a shape/gain-constrained time-
domain filter approach. For the remaining
high-band part of the stereo signal (above 6.4
kHz), limited spectral resolution is sufficient.
For this band, it was found to be adequate to
do the coding according to parametric BWE as
described above, but applied on each of the two
stereo channels.

CoMmPLEXITY oOF AMR-WB +

AMR-WB+ specifications within 3GPP provide
both floating-point and fixed-point reference C
codes. The latter is implemented using a set of
basic operators which simulate generic DSP
instructions. Each basic operator is assigned a
weight which reflects the number of cycles corre-
sponding to that operator resulting in complexity
estimates called weighted million operations per
second (WMOPS). The complexity on a DSP is
measured in million instructions per second
(MIPS). The ratio between the estimated
WMOPS and MIPS depends on the DSP used
and the level of optimization. For modern DSPs
such as TTI C55, WMOPS and MIPS are about
the same.

The estimated worst-case decoder complexity
(48 kb/s stereo operation) is 23.9 WMOPS (this
resulted in 24 MIPS on a C55 DSP). The
decoder complexity at 24 kb/s is 17 WMOPS for
stereo and 11 WMOPS for mono [3GPP TR
26.936]. An important feature of AMR-WB+,
making it attractive for operation on power-lim-
ited battery-driven devices, is that its complexity
can be scaled by means of the internal sampling
frequency.

In most applications, since only the decoder
is needed on the mobile terminal, the encoder
complexity is not a significant issue. In some
applications, such as terminal-generated messag-
ing, it can be assumed that the signal will be
encoded in a terminal at bit rates up to 24 kb/s.

For 24 kb/s mono content creation (in low-
complexity, open-loop-mode selection opera-
tion), the average complexity is about 38
WMOPS, which is similar the complexity of the
AMR-WB codec. In normal (closed-loop mode
selection) mono operation, the encoder com-
plexity at 24 kb/s is about 60 WMOPS [3GPP
TR 26.936].

TRANSPORT AND FILE FORMAT oOF AMR-WB +

The RTP payload format for AMR-WB+,
including parameters required for session setup,
is defined in IETF RFC 4352 [7]. It supports
encapsulation of multiple AMR-WB+ transport
frames per packet, and provides means for
redundancy transmission and frame interleaving
to improve robustness against packet loss.

The AMR-WB+ audio can be stored into a
file using the ISO-based 3GP file format
defined in 3GPP TS 26.244, which has the
media type “audio/3GPP.” Note that the 3GP
structure also supports the storage of many
other multimedia formats, thereby allowing syn-
chronized playback.

PERFORMANCE OF AMR-WB +

The AMR-WB+ audio codec has been exten-
sively tested by numerous independent labora-
tories to assess its subjective performance in
various application scenarios with relevant
content types including speech, speech over
music, and music. The test methodology most-
ly used was the MUSHRA methodology [8]. In
the 2004 selection tests conducted by 3GPP,
AMR-WB+ was evaluated in low-rate experi-
ments in the 14-24 kb/s range, for both mono
and stereo operation. The results showed that
AMR-WB+ has the best audio quality at low
rates when combining content types, compared
to the competing algorithms aacPlus and
Eaac+. As anticipated, the quality for speech-
dominant content was significantly better than
for audio coders, but the tests also showed
that AMR-WB+ provided consistently good
quality for music.

Following the selection of AMR-WB+ and
Eaac+ in 2004, 3GPP conducted characteriza-
tion tests using the fixed-point versions of the
two codecs. These tests included a variety of
content types (speech, music, and other) at dif-
ferent bit rates. These extensive tests, including
the results and conclusions, can be found in a
recent 3GPP technical report [3GPP TR 26.936].
The report also contains information about the
complexity and delay analysis of both codecs. As
noted in the report, the codecs used in the char-
acterization test were different from the candi-
date codecs used in the earlier selection test (the
improvements included bug fixes, optimized con-
figurations, etc.). Thus, these recent characteri-
zation tests represent the actual performance of
the 3GPP standardized audio codecs.

Figure 2 shows subjective performance of
AMR-WB+ and Eaac+ from the 3GPP charac-
terization tests [3GPP TR 26.936]. For the
results in Fig. 2, AMR-WB+ was used in normal
operation (closed-loop mode selection). Figure
2a summarizes the subjective performance of
AMR-WB+ and Eaac+ at rates between about
10 to 20 kb/s, for mono operation. The advan-
tage of using a hybrid model such as AMR-
WB+ is obvious from this figure. At an
equivalent bit rate, AMR-WB+ is always better
than Eaac+. This is especially true for speech
and mixed signals, but it is even the case for
music. Figure 2a especially shows that when
moving to very low rates, the subjective quality
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performance in
various application
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M Figure 3. Summary of ITU-T characterization tests in mono at 32 kb/s.

of AMR-WB+ does not suffer as much from
rate reduction as a pure transform coder like
Eaac+. At 9.75 kb/s, the performance of AMR-
WB+ is close to that of Eaac+ at 16 kb/s.

The performance at low rates in stereo is
shown in Fig. 2b. Again, at an equivalent bit
rate, performance in speech and mixed signals is
better for AMR-WB+ than Eaac+. For music,
Eaac+ is better at the higher rates.

Further results from the characterization tests
reported in 3GPP TR 26.936 show how AMR-
WB+ performs at high rates, up to 32 kb/s. In
Annex 1 of 3GPP TR 26.936, the results from an
ITU-T characterization test using AMR-WB+
and Eaac+ as reference codecs are given. The
test was performed in mono, using the
MUSHRA methodology, and includes music and
speech mixed with other audio content. In this
test, the input signal was band limited to 14 kHz.
Figure 3 summarizes the results obtained. In this
test, the objective was to characterize Annex C
of ITU-T recommendation G.722.1 for encoding
32 kHz sampled (14 kHz bandwidth) speech and
audio at rates between 24 and 48 kb/s.

M Figure 2. a) Subjective evaluation at low rates in mono operation; b) subjective evaluation at low rates in stereo operation.

It can be clearly seen from Fig. 3 how AMR-
WB+ delivers consistent quality across different
content types.

CONCLUSION

Evolution in wireless communication systems has
driven the deployment of innovative applications
and services, including audio and video content.
Even with the increased data capacity supported
by 3G wireless systems, delivering multimedia
content requires highly efficient use of network
capacity. This is especially true for audio content,
in order to allow room for video and other data
in the wireless links. AMR-WB+ codec has the
ability to consistently deliver high-quality audio
across diverse content types, even at very low bit
rates. In 2004, the 3GPP recommended AMR-
WB+ as one of the key enabling technologies for
the transmission and storage of audio content
over wireless, thus helping new mobile multime-
dia services to deliver on their promise.
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