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ABSTRACT

The adaptive multi-rate - wideband (AMR-WB) speech
coding standard will improve the speech quality of
telecommunication applications compared to the tra-
ditional narrowband speech transmission. This work
presents a performance evaluation of the different modes
of the AMR-WB standard for hands-free car kits. These
investigations consider different noise situations, single
and multichannel noise reductions systems, and the pos-
sible Bluetooth link between the hands-free device and
the mobile phone.

1. INTRODUCTION

The AMR-WB speech codec is a speech coding stan-
dard which enables wideband audio transmission with a
bandwidth in the range 50 Hz - 7 kHz [1]. This ex-
tension of the classical narrowband signal (300 Hz -
3.4 kHz) will significantly improve the speech quality
transmission in future telecommunication applications.
The publications [2, 3, 4, 5] provide a closer look at
today’s wideband speech and audio coding standards.
This paper considers the AMR-WB speech transmis-
sion for hands-free applications in a car environment.
The AMR-WB codec has been developed for use in
mobile radio environments where typical usage condi-
tions may include both channel errors and high-level
background noise. In the course of AMR-WB stan-
dardization, the codec was extensively tested. The ex-
periments covered tests for clean speech and speech in
four types of background noise including one scenario
with car noise [6]. Under the considered conditions,
the AMR-WB codec provides robust operation. For car
noise Mean Opinion Scores (MOS) from 2.7 for the low-
est bit rate codec (6.6 kps) up to a MOS value of 4.2
with a data rate of 12.65 kbps were reported [6].
However, the speech quality of a hands-free car kit is
not only affected by car noise. Speech has to be picked
up as directly as possible to reduce reverberation and
to provide a sufficient signal-to-noise ratio, where the
distance between microphone and speaker depends sig-
nificantly on the position of the driver and therefore on
the size of the driver. Furthermore, other noise sources
like airflow from electric fans or car windows have to be
considered. Good noise robustness requires the use of
noise suppression techniques like spectral subtraction [7]
for single microphone systems. Such noise reduction
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algorithms improve the signal-to-noise ratio, but they
usually introduce undesired speech distortion.

Originally introduced as optional features connected
by a wire to mobile phones, hands-free devices are now
generally available with wireless technology. Typically
they use Bluetooth as wireless link to the mobile phone.
However, the speech transmission according to the cur-
rent Bluetooth standard does not support the new wide-
band technology. Currently, the speech signal is trans-
mitted as a 64 kbps PCM coded signal without addi-
tional speech coding. The bandwidth is therefore lim-
ited to the narrowband frequency range. The PCM sig-
nal provides a high quality input signal for the speech
codec of the mobile network, because transcoding of
lossy speech codecs is avoided. To overcome the problem
of the missing wideband support for the Bluetooth link
the ITU-T Focus Group on From/In/To Cars Commu-
nication IT has suggested the introduction of the ITU-T
G. 722 standard for Bluetooth speech transmission [8].
This codec works on a sample basis and therefore intro-
duces low delay. On the other hand, transcoding from
G.722 to AMR-WB has to be performed in the mobile
phone. Such a transcoding of lossy speech codecs almost
always introduces generation loss. Moreover, the Blue-
tooth transmission may introduce additional transmis-
sion errors that may further diminish the speech quality.

The introduction of wideband speech requires a dou-
bling of the sampling rate compared with conventional
narrowband speech transmission. For hands-free units
the higher sampling rate significantly increases the com-
putational complexity of the required speech process-
ing like noise reduction and echo compensation. It is
therefore interesting to evaluate the potential quality
improvements of the new wideband speech transmission
for realistic hand-free scenarios.

This work presents a performance evaluation of the
AMR-WB codec for hands-free car kits, where we con-
sider reverberation, different noise situations, single and
multichannel noise reduction systems, and the possible
Bluetooth link between the hands-free device and the
mobile phone. The speech quality is evaluated by means
of instrumental quality measures as well as informal lis-
tening tests.

2. SIMULATION MODEL

For the performance evaluation of wideband speech
transmission we used the system model depicted in
Fig. 1. The system model represents the simulation of
hands-free car communication.
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Fig. 1: System model

The clean speech signal is transmitted from the
mouth of an artificial head to the hands-free micro-
phones. Thereby the speech signal is distorted by car
noise and reverberation. We assume that the acoustic
system is linear, i.e. we can model the system by its
impulse responses.

To improve the signal-to-noise ratio the unprocessed
speech, recorded by the hands-free microphones, is pro-
cessed by a noise reduction algorithm in the hands-free
unit. The output signal of the hands-free unit is trans-
mitted to the cellular phone over a Bluetooth link. To
compress the speech signal for the Bluetooth transmis-
sion we assume that the I'TU-T wideband speech codec
G.722 is used as proposed in [8]. The encoded bits are
transmitted using an asynchronous connectionless link
(ACL).

The speech data is then transcoded by the AMR-
WB codec which is utilized in the Universal Mobile
Telecommunications System (UMTS). We assume that
the transmission over the cellular network is error-free.
The AMR-WB codec operates with 9 different bit rates
from 6.6 to 23.85 kbps. For our investigations we con-
sidered only the bit rates 6.60, 12.65 and 23.85 kbps.

For the evaluation of the speech quality the decoded
speech is processed by the SQUEST algorithm. In the
following subsections some system blocks are discussed
in more detail.

2.1 Acoustic System

Our simulations are based on measurements with two
cardioid microphones with positions suited for car in-
tegration: One microphone was installed close to the
inside mirror. The second microphone was mounted at
the A-pillar. With respect to three different background
noise situations, we recorded driving noise at 100km/h
and 140km/h. As third noise situation we considered
the noise which arises from an electric fan (defroster).
With an artificial head the impulse responses to the two
microphones were measured.

As clean speech signals we took the German-
speaking test samples from the recommendation P.501 of
the International Telecommunication Union (ITU) [9].
For the simulation, the clean speech x(k) was convo-
luted with the impulse responses hq (k) and ho(k) of the
acoustic system. Then the recorded car noise nq (k) and
no(k) was added. The i*" microphone signal is therefore
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calculated as

To improve the signal-to-noise ratio, hands-free units
usually utilize noise suppression techniques. We con-
sider to different acoustic front ends: a single micro-
phone system and a two microphone noise reduction
system. The single-channel algorithm uses the micro-
phone installed close to the inside mirror and spectral
subtraction to suppress ambient noise [10]. For the two
channel approach the microphone signals are combined
as proposed in [11]. The input and output signal-to-
noise ratios for both algorithms are given in Table 1.
Note that for the considered noise scenarios, the two
channel noise suppression achieves an improvement of
the MOS values of 0.5 compared with the single-channel
algorithm (informal listening tests with respect to Z(k)).

2.2 G.722 over Bluetooth

For the radio transmission between the hands-free unit
and the cellular phone the Bluetooth ACL connection
with a maximum bidirectional data rate of 432.6 kbps
was used. The advantage of the ACL connection com-
pared with the synchronous connection oriented (SCO)
connection is that it allows to transmit a binary coded
speech signal. Bluetooth supports circuit switched con-
nection with a data rate of 64 kbps or 128 kbps. But
the current specifications for SCO connections support
only the transmission of PCM coded narrow band speech
data with 64 kbps. The SCO link is therefore not suit-
able for a wideband transmission. The disadvantage of
the ACL connection for speech transmission is that la-
tency and delay increases compared to a SCO connec-
tion. Furthermore, the ACL connection is packet ori-
ented and the timely arrival of speech packages is not
guaranteed. To consider the effects of late package ar-
rivals we used a statistic model as described in section
3.

To allow a wideband audio transmission over the
ACL connection the speech signal was encoded with the
ITU G.722 codec. The G.722 codec provides a signal
bandwidth of 7000 Hz and reduces the bit rate to 48,
56, or 64 kbps, respectively. In our system model we de-
limit the bit rate to 64 kbps to achieve the best possible
speech quality. After the simulated Bluetooth transmis-
sion the G.722 decoder reconstructs the encoded speech
data.



Noise Reduction Environment SNR of y1(k) SNR of y2(k) SNR of Z(k)

Two channel noise reduction 100 km/h 4.14 5.77 15.70
140 km/h -0.64 1.15 11.64

Defroster 6.65 7.19 16.96

Single channel noise reduction 100 km/h 4.14 - 14.12
140 km/h -0.64 ; 9.61

Defroster 6.65 - 16.62

Tab. 1: Input and output signal-to-noise ratios for the applied noise reduction algorithms for three driving scenarios.

2.3 Evaluation of the Results

The speech quality of the wideband transmission has
been evaluated by means of instrumental quality mea-
sures as well as informal listening tests. The instru-
mental quality analysis of the generated audio data was
done by the tool 3QUEST [12]. It rates the signal by the
mean opinion score (MOS) and therefore automates the
subjective tests. 3QUEST takes as input files the clean
speech signal (k) as a quality reference, the noisy sig-
nal y;2(k) which arrives at the microphones and the
processed speech Z proc(k) which runs through the com-
plete simulation chain. 3QUEST computes three MOS
values to rate the speech quality.

N-MOS Quality of the noise signal.
S-MOS Quality of the speech signal.
G-MOS Overall quality of the speech signal.

Each MOS value is expressed in one number in the
range from 1 to 5, 1 being the worst and 5 the best.

3. MODEL OF BLUETOOTH ACL
TRANSMISSION

The encoded audio data cgreo is transmitted over a
Bluetooth ACL connection between the handsfree unit
and the cell phone. The errors which happen during this
transmission can not be reproduced accurately for the
same scenario in real Bluetooth transmissions. There-
fore a simulation of the Bluetooth transmission was cre-
ated. The simulation is driven by a model which repro-
duces errors which share the same characteristics as the
errors which were recorded on the measurements of a
scenario.

Two models were created from measurements in two
different scenarios where the set up of the Bluetooth de-
vices was arranged in different ways. The measurements
of each scenario trained the models which are based on
Markov chains. The model is able to estimate how many
packets are going to be received from step to step de-
pending on the state of the transmission.

Models were created for two scenarios where two
Bluetooth devices were placed inside a car. The dis-
tance between both devices was approximately 1.5 m.
With one scenario a Bluetooth device was additionally
covered to shield the Bluetooth antenna.

Both machines were equipped with the same Blue-
tooth chip set. The data stream in each direction had a
throughput of 64 kbps which is the flow-rate of the G.722
encoded audio stream. The stream was fragmented into
packets of 80 byte which are sent in 10 ms time slots.
Each receiver expects these packets in the same 10 ms
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but has a jitter buffer of 5 ms implemented. So the la-
tency sums up to 15 ms. The measurements were done
with a bidirectional transmission of ACL packets. The
packet error rates for the two considered scenarios were
0.5% and 2%, respectively. ACL implements a retrans-
mission protocol for a reliable connection and guarantees
that all packets are received in the correct order. So in
this application an error occurs if the packet was not
received within the 15 ms. If no packets were received
within a time slot a simple error concealment was done
by repeating the last packet of encoded G.722 data. If
multiple packets were received during one time slot the
latest packet was taken. More advanced concealment
methods are proposed in the appendices III and IV of
the ITU-T G.722 recommendation.

An error consists typically of two phases. The first
phase is when the connection is disturbed and the packet
stream stalls. During this phase it is very likely that no
packets are received over a time span which can last mul-
tiple time slots. After the connection is not disturbed
any more the catch up phase begins. This phase can
also last for several time slots. During each time slot of
this phase one or typically more of the delayed packets
are received.

To model the dependency of received packets during
different phases the states of the Markov chain had to
be split up into two characteristics. The first one gives
the number of packets received in the last time slot. The
second gives the number of packets the machine is be-
hind of a synchronous transmission. The first character-
istic describes the state of the transmission. The second
characteristic determines the duration of the phase of an
error. The longer the connection stalls the more likely
it will recover and change to the catch up phase.

Both characteristics are combined in a table (see
Fig. 2). Each entry represents a state. And each state
points to a probability distribution which maps a prob-
ability to the number of packets which are expected to
be received in the next time slot.

Probability distribution for
the number of packets
in the following time slot

Number of packets
since last time slot

0 1 0 1 2 3

Number of packets 0 —1 0.01/099| 0 0
behind of a synchron-|

ous transmission 0 1 2 3

' 0.24| 0 |0.76| 0

Fig. 2: Bluetooth model based on a Markov chain. The table
to the left specifies the state of a transmission error. Each state
points to a probability distribution of how many packets are ex-
pected in the next time slot.



Listening tests AMR-NB AMR-WB AMR-WB

& G.722

AMR bitrate 12.20 6.60 12.65 23.85 23.85

Noise reduction  Environment G-MOS G-MOS G-MOS G-MOS G-MOS

Two channel noise reduction 100 km/h 3.4 3.9 - 4.3 4.4
140 km/h 24 3.5 - 3.5 3.6

Single channel noise reduction 100 km/h 2.1 - - 3.0 -
140 km/h 1.5 - - 2.4 -

SQUEST results AMR-NB AMR-WB AMR-WB
& G.722

AMR bitrate 12.20 6.60 12.65 23.85 23.85

Noise reduction  Environment G-MOS G-MOS G-MOS G-MOS G-MOS

Two channel noise reduction 100 km/h 3.1 3.6 3.6 3.6 3.6
140 km/h 2.3 3.0 3.0 3.1 3.1

Single channel noise reduction 100 km/h 3.1 3.4 3.4 3.4 3.5
140 km/h 2.5 3.0 3.0 3.1 3.1

Tab. 2: MOS values from listening tests with 21 test persons (upper table) and the 3QUEST results (lower table), error-free Bluetooth
transmission.

Noise reduction Environment AMR-WB 6.60 AMR-WB 23.85
S-MOS N-MOS G-MOS S-MOS N-MOS G-MOS
Two channel noise reduction 100 km/h 4.2 3.6 3.6 4.3 3.4 3.6
140 km/h 3.7 3.0 3.0 3.9 2.9 3.1
Defroster 3.9 3.3 3.3 4.1 3.2 3.4
Single channel noise reduction 100 km/h 4.2 3.0 3.3 4.4 3.0 3.5
140 km/h 4.1 2.4 3.0 4.3 2.4 3.1
Defroster 4.1 3.1 3.3 4.3 3.0 3.4

Tab. 3: Detailed 3QUEST results for error-free Bluetooth transmission.

Noise reduction Environment AMR-WB 6.60 AMR-WB 23.85
S-MOS N-MOS G-MOS S-MOS N-MOS G-MOS
Two channel noise reduction 100 km/h 3.9 3.6 3.4 4.0 3.4 3.4
140 km/h 3.4 2.9 2.8 3.5 2.9 2.8
Defroster 3.7 3.3 3.2 3.9 3.3 3.2
Single channel noise reduction 100 km/h 4.0 3.1 3.2 4.1 3.0 3.3
140 km/h 3.8 2.7 2.9 3.9 2.7 3.0
Defroster 4.0 3.2 3.3 4.2 3.0 34

Tab. 4: Detailed 3QUEST results for erroneous Bluetooth transmission.
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4. SIMULATION RESULTS

Tab. 2 presents simulation results of the instrumental
quality measures calculated by the 3QUEST algorithm
as well as results of the listening tests with 21 test per-
sons. The rightmost column contains the results with
G.722 transcoding, where we assume error-free Blue-
tooth transmission. All other values were obtained with-
out G.722 transcoding.

A notable result of the listening test is the subjec-
tive improvement of the voice quality from narrowband
to wideband speech transmission. Tab. 2 shows that
the test persons rated the wideband speech with the
AMR-WB 23.85 codec about one point better than the
narrowband signals in all considered background noise
situations. Even with the data rate of 6.6 kbps, an im-
provement of 0.5 to 0.9 points is achieved. Compar-
ing the results with and without G.722 transcoding, we
observed almost the same voice quality in direct A-B
comparisons. This is also indicated by the results in
Tab. 2. Interestingly, the test persons rated the signals
with lossy transcoding slightly better than the speech
signals without transcoding. The presented results also
demonstrate that the overall speech quality strongly de-
pends on the employed noise reduction approach. The
single channel scheme leads to more speech distortion
and therefore lower MOS values.

Comparing the results of the listening tests with
the values obtained with 3QUEST, we note that the
3QUEST values do not reflect the results of the listen-
ing tests in detail. The 3QUEST results, however, cor-
rectly predict trends in scenarios with the same noise
reduction algorithm.

Tab. 3 and Tab. 4 display the MOS values as cal-
culated by 3QUEST and compare an ideal Bluetooth
transmission with the simulated erroneous transmission.
The comparison shows a decline in the MOS values of
about 0.2 points when transmission errors are consid-
ered. The two Bluetooth scenarios produced almost
identical MOS values, so Tab. 4 represents both scenar-
ios. Further tests in an office scenario showed a rapid
decrease in the MOS values when the Bluetooth connec-
tion is disturbed, e.g. when the Bluetooth devices are
separated over longer distances or by walls. The MOS
values as calculated by 3QUEST dropped by one point
when the devices were located 5 m from each other and
separated by a wooden wall in comparison to a trans-
mission where both devices were located next to each

other.
5. CONCLUSIONS

In this work we have presented a performance evaluation
of the AMR-~-WB standard for hands-free car kits.

The results of the instrumental quality measures as
well as the listening tests show that the AMR-WB codec
increases the speech quality significantly in comparison
to the AMR-NB codec. This is true for all considered
car noise scenarios. The AMR-WB codec displays good
noise robustness in combination with different noise sup-
pression techniques.

For in-car applications with erroneous Bluetooth
transmission, the simulation results show that the G.722
in combination with the Bluetooth ACL connection is
robust against transmission errors. Transcoding to the
G.722 codec has little influence on the speech quality as
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long as the Bluetooth connection introduces few trans-
mission errors. Therefore, the G.722 codec is a suitable
candidate for introducing wideband speech transmis-
sion in the Bluetooth standards. However, in situations
where the Bluetooth devices are separated over longer
distances or by walls, a rapid decrease of the MOS values
was experienced. Here, an improvement could possibly
be achieved by disabling the retransmission algorithm of
the ACL connection and using a best effort transmission
instead. This is the subject of further investigations.
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