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Sending digital audio
data via CAN
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In mobile communication as well as the Internet, the digital transmission of
speech and music has long been a standard. Audio codecs can also improve
audio data transmission via CAN.
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udio codecs play a major role in ensuring efficient transmission rates by
reducing the bit-rate of the
audio signal. For that reason it is worthwhile assessing their usefulness in systems with low transmission
capacities. Our goal was to
find out how audio codecs
can improve audio data
transmission via the CAN
network.
The main advantage of
the CAN network is its realtime capacity, which qualifies the network in particular
for time critical jobs. On the
other hand, the transmission capacity of the CAN
network is lower than that
of e.g Ethernet. The CAN

demonstrated by means of
a simple breadboarding and
three test scenarios.
Our
breadboarding
consists of easy to get components. The STM32F4
Discovery Board (STMicroelectronics) has an integrated microphone and
an audio output for headphones or loudspeakers.
The CAN transceiver is realized by the microchip
MCP2551. The workload of
the CAN network was measured by a CAN adapter
from Ixxat.
Figure 1 shows the
schematic diagram for the
breadboarding. Two STM32F4 Discovery Boards
are connected to the CAN

network is therefore widely used in industrial automation, aeronautics as well
as in cars and rail vehicles.
The CAN network can also
be used for digital audio and
speech transmission [1], but
the quality of music data
is poor unless transmitted
over short distances. By using modern audio codecs,
we tried to improve the
transmission performance
and lower the bit-rate. Our
aim was to enable the CAN
network to transmit audio
data, in particular music
data, over longer distances than previously possible.
In the following, the capabilities of the CAN network
using audio codecs will be

Table 1: Calculated workload on the CAN network dependent on the diverse audio
codecs; the blue columns show the test scenarios dependent on the network length, the
right columns the audio codecs sorted by descending required bit-rate
Test scenario

Bus length

PCM

G.711

G.726

SPEEX

OPUS

Voice unidirectional, 8 KHz, 8 Bit, mono

100 m

21,60 %

10,80 %

5,40 %

8,44 %

3,71 %

Voice full duplex, 8 KHz, 8 Bit, mono

100 m

43,20 %

21,60 %

10,80 %

16,87 %

7,42 %

Audio CD unidirectional, 44 KHz, 16 Bit, stereo

100 m

-

-

-

-

21,60 %

Voice unidirectional, 8 KHz, 8 Bit, mono

500 m

86,40 %

43,20 %

21,60 %

33,75 %

14,85 %

Voice full duplex, 8 KHz, 8 Bit, mono

500 m

-

86,40 %

43,20 %

67,50

29,70 %

Audio CD unidirectional, 44 KHz, 16 Bit, stereo

500 m

-

-

-

-

86,40 %
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Table 2: The transmission
capacity of the CAN
network decreases as the
distance increases
Bitrate
(kbit/s)

Bus length
(m)

1000

25

800

50

500

100

250

250

125

500

50

1000

20

2500

network. On the boards the
test application digitizes the
audio signal received by
the microphone and sends
it to the receiver on the remote board via CAN. The
remote board plays the audio data via headphones.
Using this construction we
simulated a public address
system and a communication system with two participants. On transmitting
audio data the workload
was measured using analysis software together with
the CAN adapter. To assess
the quality of the transmitted audio (music) signal we
did tests by talking and listening to ourselves, but the
incorruptible ears of colleagues, who were not involved with the project itself,
but were attracted by the
unexpected music sounds
in the laboratory, were of
paramount importance for
testing the sound quality. If
the audio system were ever
used in public areas (e.g.
a public address system
used at railway stations,
evacuation systems etc.),
speech perception would
of course be tested by
Stipa standard specification
(Speech Transmission Index for Public Address Systems [2]). Within the scope
of our breadboarding, however, Stipa measurements
would have been too much
and were thus not made.
Practical experience
shows that the use of microphones requires elimination of ambient noise
as far as possible as there

are sources of interference
such as engines, fans and
ventilators as well as other ambient loudspeakers.
In case of full duplex communication, loudspeakers
can cause acoustic feedback and recoupling. We
could effectively eliminate
disturbances caused by
these sources using echo
cancellation and noise
reduction filters. In our
breadboarding we eliminated acoustic feedback
by dispensing with loudspeakers and using only
headphones. If the audio
(music) data is to be played by
several loudspeakers connected to diverse consoles,
the sounds may be reproduced with phase shift.
When designing an audio system this eventuality
should be kept in mind.
The following test scenarios are typical audio
transmission use cases:
voice streaming, bidirectional speech transmission
and music streaming. We
calculated the theoretically
required bit-rate for the test
scenarios and measured
the workload of the CAN
network in our laboratory.
The frequency bandwidth of human speech is
small when compared to
the bandwidth of music.
To reduce the required bitrate for speech transmission, only speech relevant
frequencies are encoded.
Thus voice streaming is
one of the audio transmission use cases with the lowest bit-rate. A well-known
example for voice streaming is public address systems at railway stations or
on trains. In this use case,
speech is unidirectionally
transmitted, which means
from the speaker to the listener only. Another example
is a text-to-speech-system,
e.g. reading texts from the
computer screen to people with reduced eyesight. Unidirectional speech
transmission requires one
voice channel only, thus
this kind of audio transmission is called half duplex
transmission.
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The audio codecs
We used only public licensed audio codecs and
moreover only lossy audio codecs because they
have better compression rates with nearly
constant quality.
Pulse code modulation (PCM): The uncompressed digital representation of an audio
signal.
MP3: Known as a popular music format and
available as public license library. Despite good
compression capabilities, this codec is not qualified for our test scenarios, because the relatively
long processing time leads to noticeable delay in
communication.
G.711: Widely used in telephony. It lowers the
bit-rate by confining the bandwidth of the voice
(speech) signal. Only the frequencies from 80 Hz
to 12 kHz are encoded because these are
relevant for perceptibility of human speech.
Codec G.711 is not designed for music signal
transmission.
G.726: Also called Adaptive Differential Pulse
Code Modulation (ADPCM), this codec was
developed from G.711. It also uses only speech
relevant frequencies. In addition, G.726 reaches
double compression rates compared to G.711 by
encoding only the difference between two scanning spots.
Speex: Purpose-made for voice signal compression. The compression technique is based on
pattern recognition. As an example the long vowel "a" as in "land" is learnt as a new pattern and
at the next occurrence, as soon as it is detected, it is anticipated as long as the voice signal
does not change drastically. This means that the
anticipated voice signal (here the long vowel "a")
is described by the pattern specific parameters
and replaces the real voice signal until a new
speech pattern begins; in our example this is the
sound "n". On decoding the compressed voice
signal the onset of known voice patterns is used
to generate a similar, but not completely identical
voice signal. The pattern based generated voice
signal is well suitable for speech transmission
but it is not ideal for music transmission.
However, with some tolerable cut back expectations, Speex could theoretically also be applied
for music transmission. Because of the especially
low latency of Speex, this codec is widely used
in telephony and voice over IT [3].
Opus: Partially based upon Speex and both suitable for voice (speech) and music compression.
Therefore, this codec is qualified for all shown use
cases. Opus also shows low latency and is used
in telephony [4].
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Figure 1: Two evaluation boards STM32F4 Discovery are
connected to the CAN network together with the CAN
analyzer; there is one headphone set and one microphone
on every board
Bidirectional speech
transmission (full duplex)
uses two voice channels,
which leads to a doubling
of the required bit-rate.
Voice over IP and telephony are well-known examples for full duplex
transmission systems. In
order to achieve fluent
communication,
latency
between sending an audio
signal and reception at the
remote receiver should be
as low as possible.
In contrast to the cited use cases above, audio
transmission in CD quality
is a very challenging task
with respect to the required
bit-rates. A piece of music
can include all audible frequencies, which rules out
the possibility of excluding
certain frequency ranges
from the audio signal. Thus

high quality music transmission leads to much higher
bit-rates compared to pure
speech transmission. On
the other hand the latency
constraints need not be as
strict as music playback delay will hardly be noticed.
Table 2 shows the possible bit-rates of the CAN
network in kbit/s dependent on the network length
in meter. Data is transferred
by the CAN frame, which
includes the identifier segment and the data field. The
identifier segment contains
information belonging to
the application layer protocol. It is used to address the
network participants and to
code the message type. If
the application layer protocol of an existing application
is extended for audio transmission the available space

Figure 2: Comparison of the compression rate of the
audio codecs assessed in our test scenarios: the x-axis
displays the three test scenarios divided into groups, the
logarithmic y-axis shows the required bitrate in kbit/s
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bit-rate = number of
channels (mono = 1,
stereo = 2) * number of
bytes of sampling depth
* sampling rate * 8
An uncompressed voice
stream in half duplex operation mode with a sampling depth of 8 kHz, 8 bit,
mono thus needs 64 kbit/s.
Bidirectional voice (speech)
transmission in full duplex
operation mode needs
twice as much, i.e. 128
kbit/s. Music streaming
with a sampling rate of 44
kHz, 16 bit, stereo requires
1408 kbit/s. Figure 3 shows
the required bit-rates for
codecs depending on the
transmission use case.
Table 1 shows the calculated workload of the
CAN network for the diverse audio codecs. The
following test scenarios are
displayed: voice streaming
(voice, half duplex, 8 kHz,
8 bit, mono), bidirectional voice (speech) transmission (voice, full duplex, 8
kHz, 8 bit, mono) and music
streaming (audio CD, half
duplex, 44 kHz, 16 bit, stereo). These test scenarios
are variegated with transmission lengths of 100 m
and 500 m. The columns of
Table 1 show the audio codecs listed downward according to required bit-rates.
Empty cells signal that the
corresponding test scenario exceeds the capabilities
of the CAN network. Using
codec Speex makes full duplex operation mode possible up to 500 m with 67,5 %
workload on the CAN network. Codec Opus can even
reduce the workload for

voice (speech) transmission over 500 m to 29,7 %
and for audio streaming in
CD quality to 86,4 %.
Figure 2 compares the
compression rates of the
audio codecs for the three
test scenarios. The logarithmic y-axis shows the
bit-rate in kbit/s. On the xaxis the test scenarios are
divided into groups. Without any codec the bit-rate
is highest (PCM) and reduces with the increasing
compression rates of the
audio codecs. For the test
scenario music streaming
(audio CD, unidirectional,
44 kHz, 16 bit, stereo) only
PCM and codec Opus are
displayed, because all the
other codecs that we
assessed are not qualified
for music transmission.
Our test scenarios
show evidence for considerable enhancement of
CAN network capabilities
using audio codecs. Without any codec, bidirectional
voice transmission is possible over 100 m at most. Using the codecs Speex and
Opus, this limit could be extended fivefold up to 500 m.
With respect to quality we
were able to show that with
codec Opus it is possible to
enhance audio quality up
to a CD-like level by at the
same time keeping the required bit-rate on a comparatively low rate. This means
that the CAN network is
not operated at its limits for
long terms which is similar
to voice streaming without
codec. Hence, it is possible to use the CAN network
for voice streaming, bidirectional voice (speech) as well
as music transmission when
audio codecs are employed.
By this method not only the
transmission distance capacity of the CAN network
can be considerably enhanced but also - as we deduced from the red-glowing
but yet incorruptible test
ears of our colleagues - the
quality of music transmission can be drastically
improved.
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in the identifier segment
may become insufficient.
In this case the protocol information is situated in the
data field. As an example let
us take a protocol overhead
of 2 byte per CAN frame: In
this case we could achieve
75 % of the maximum possible CAN performance
shown in Table 1 for audio
transmission.
The following formula
calculates the bit-rate of an
audio signal:

