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ABSTRACT

Playing live music on the Internet is one of the hardest disciplines in terms of low delay audio capture
and transmission, time synchronization and bandwidth requirements. This has already been successfully
evaluated with the Soundjack software which can be described as a low latency UDP streaming application.
In combination with the new Fraunhofer ULD Codec this technology could now be used in narrow band DSL
networks without a significant increase of latency. This paper first describes the essential basics of network
music performances in terms of soundcard and network issues and finally reviews the context under DSL
narrow band network restrictions and the usage of the ULD Codec.

1. GOAL tion was stable in terms of network jitter. Assum-
ing these conditions the soundcard typically works
with 48kHz/16Bit and a frame size of 256 Sam-
ples/frame resulting in a blocking delay of 5.3ms.
With low latency kernel patches and better hard-
ware or drivers 128 or even 64 samples/frame can be
achieved. Though ADSL connections only provide a
much lower bandwidth and the low frame sizes gen-
erate a larger overhead on the ADSL protocol stack,
the NMP principle can be applied to DSL networks.

The term NMP (Network Music Performance) typi-
cally describes an online music event in which musi-
cians can perform as if in the same room though
separated by potentially thousands of kilometers
[1][8]. In order to provide a typical rehearsing at-
mosphere, the audio quality should be 48kHz/16Bit
and the one-way delay has to be less than the EPT
(ensemble performance threshold) of 25ms (ensem-
ble performance threshold) [3][5]. Due to these re-
strictions, NMP was feasible in broadband LANs
only in the case that their physical distance did
not exceed a one-way ping of 15ms and the connec- In terms of bandwidth and delay, NMP in narrow
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band networks (i.e. DSL) used to be declared as im-
possible. First of all, even a simple ICMP (internet
control message protocol) echo response time from
a remote peer often reached values beyond the 50ms
R-EPT (roundtrip ensemble performance threshold)
and secondly the upstream of typically 128 to 512
kBit/s prevented the signal to be sent out over these
links (48kHz * 16Bit * 1 channel = 768 kBit/s).

When using audio compression techniques to reduce
the required bit-rate, conventional audio coders in-
troduce too much encoding/decoding delay for NMP
purposes. For instance, standard coders like MP3 or
AAC have a delay of about 100ms or more. Even
AAC-Low Delay still features about 20ms at 48kHz
sampling rate [6].

Moreover, conventional Quality of Service (QoS) ap-
proaches for reducing network jitter don’t work with
NMP since they cause too much additional delay by
large jitter buffers and possible packet retransmis-
sion. Thus NMP requires a different QoS approach
than VoIP or video-conferencing.

3. BASICS

The total latency with uncompressed audio is caused
by the soundcard delay and the network delay.
Though they interdepend in some aspects, as a first
step they can be observed separately.

3.1. Network propagation delay

Assuming a direct path between two peers, the prop-
agation delay for fiber optic lines is caused by a
limited transmission speed of ~ 0.7 ¢ (c: speed
of light), which results in an average latency of
5ms each 1000km. Taking a look at the European
backbone structure, straight-line paths do not ex-
ist. Thus packets always have to pass central routers
and switches depending on the actual routing, which
increases the physical distance between two peers.
For example, the distance between Liibeck (north-
ern Germany) and Copenhagen (Denmark) is about
400km, resulting in a propagation delay of 2ms.
Watching the actual route, packets first travel to
Frankfurt, Stockholm and finally to Copenhagen,
which corresponds to a physical distance of 2300km
and a theoretical propagation delay of 11.5ms. The
real propagation delay is even higher due to facts we
will describe later in this paper.
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Fig. 2: European GEANT network backbone [7]

3.1.1.

An additional delay is caused by the number of
passed switches and routers on the way to the des-
tination. With each switch the packets are delayed
by a small amount of microseconds but in terms of
router delay the case is more complex. Depending

Network router and switch delay
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on the actual network traffic, routers queue the in-
coming packets more or less. In an ideal case sce-
nario the packets are forwarded instantly and remain
unqueued, but in case of a bandwidth overload the
packets have to stay in the queue for an uncertain
amount of time. This unpredictable effect typically
causes the network jitter since it prevents a delay-
constant packet propagation.

3.2. Interleaving in DSL networks

In DSL networks interleaving (IL) is used which in-
creases the error tolerance when transmitting data
between the local DSL peer and the DSL provider.
If this line causes any (burst) disturbances, they
can often be corrected via Forward Error Correction
(FEC). But since data from a couple of consecutive
blocks gets scambled, this leads to a latency increase
of about 30ms just for the first hop. With Fastpath
(FP), which is the marketing name for a DSL line
with switched off interleaving, this error correction
doesn’t work as well, as complete blocks of data get
lost. Since the FEC overhead for IL as well as FP is
put out of band, the channel capacity is not dimin-
ished by the additional FEC data.

Due to the higher latency, for NMP the interleaving
has to be disabled.

3.3. Soundcard delay

The audio capture process happens in frames of x
audio samples. The capture delay for one such block
depends on the chosen sampling rate:

blocking delay = frame size/sampling rate (1)

Since 48kHz has become a standard audio sampling
rate, Table 1 shall show the corresponding blocking
delay.

With standard components, frames of 256 samples
can be reached easily, while frames of 128 samples
often require optimized OS patches, hardware or
drivers.

3.3.1. Total audio latency

The soundcard’s audio processing typically works as
a block processing system using one input double
buffer (input buffer A and B) and one output double
buffer (output buffer A and B):

frame size / samples | Blocking / ms
2048 42.7
1024 21.3
512 10.7
256 5.3
128 2.7
64 1.3

Table 1: Soundcard blocking delay at fs = 48kHz

< swap >

< swap >

app output buffer A physical output buffer B

Fig. 3: Audio capture / playback process

The physical input is bound (i.e.. via DMA) to in-
put buffer A; hence the application (APP) cannot
access it. Respectively APP cannot access the phys-
ical output buffer B.

While the hardware (HW) writes block n to buffer
A the APP reads from buffer B which was filled pre-
viously with block n-1 resulting in a delay shift of 1
block corresponding to the block size.

At that point the application can process the cap-
tured block n-1 and finally write it to out buffer A.
At the same time the hardware reads from output
buffer B, which was filled previously by output buffer

AES 120t Convention, Paris, France, 2006 May 20-23
Page 3 of 9



Cardt et al.

Network Music Performance (NMP) in narrow band networks

A. This again leads to delay shift of one audio block.

Once the block is read out, the buffers are swapped
in order to process the next audio buffer (double-
buffering system).

Regarding the whole audio capture and playout sce-
nario the following processes happen at the same
time :

e HW reads from phys. input to input buffer A

e APP reads input buffer B (1 block latency)

e APP processes the captured audio block

e APP writes to output buffer A (1 block latency)

e HW writes from buffer B to phys. output
Hence for playback, the captured audio block has to
pass the playout buffers which corresponds to the
same blocking delay. This in turn results in a total
in/out delay of 2 * blocking delay plus possibly an

additional millisecond for the ADC/DAC conversion
depending on the soundcard’s quality.

total audio delay = 2 * blocking delay  (2)

Table 2 shows the total introduced audio delay for
the typical sampling frequency of 48kHz.

Frame size/samples | Blocking/ms | Total/ms
2048 42.7 85.3
1024 21.3 42.7
512 10.7 21.3
256 5.3 10.7
128 2.7 5.3
64 1.3 2.7

Table 2: Soundcard total delay at fs = 48kHz

3.4. Dependencies

The lower the chosen frame size of the soundcard
the more packets are sent in a specific time interval.
In terms of payload this doesn’t make any differ-
ence, but since each packet contains an IP and UDP
header, and several other protocol headers depend-
ing on the actual network architecture, this results

in at least 28 bytes of packet overhead. Hence lower
frame sizes result in a larger amount of packets/s,
which in turn increases the overhead. Another dis-
advantage of lower frame sizes is that a large amount
of small packages is more vulnerable to network jit-
ter, thus the probability of any negative effect of
network jitter is higher the smaller the sent pack-
ages are.

4. DSL PROTOCOL STACK OVERHEAD

In terms of home usage, internet via traditional
voiceband modems works comparably simple. This
is in sharp contrast to how ADSL networks with
their various layers work. Though useful in terms of
reliable ADSL network access, each of them imposes
overhead on top of the existing net payload [4].

"PPPoE”

1P, IPX. ...
PPP
PPPoE
MAC
RFC1483B
AALS
ATM

Fig. 4: PPPoE protocol stack

In comparison to "IP over ATM”, ”"PPPoA”,
"RFC1483 Bridging” or other stacks the PPPoE pro-
tocol stack is the most complicated but has become
the most commonly used.

In total, besides the IP overhead of 20 bytes and the
UDP overhead of 8 bytes there are six other pro-
tocols to be taken into account. The PPP, PPPoE
and the MAC layer introduce a fixed overhead of 26
bytes, and a minimum overhead of 23 bytes is intro-
duced by the ATM related protocols (RFC1483B,
AAL5, ATM).

Due to ATM restrictions (AAL padding), unfortu-
nately the ATM overhead results is 70 bytes [4],
which adds up in a total PPPoE-stack overhead of
96 bytes. This has a high impact on the DSL up-
load bandwidth due to the high amount of packets/s
when sending audio with a very low frame size.
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Protocol layer | Overhead / Bytes
PPP 2
PPPoE 6
MAC 18
RFC1483B 5
AAL 8
ATM 10
’ total \ 49

Table 3: Minimal PPPoE-stack overhead

total overhead/packet =

IP — Header + UPD — Header + (3)
PPPoFE — Stack — Headers =

(20 + 8 + 96) bytes = 124bytes

It should be mentioned again, that this huge amount
of overhead is for the most part contributed by the
fact that we want to use DSL lines. Ironically, in
high-speed networks (like between universities) a lot
of this overhead is dispensable.

5. VOIP APPROACH

In comparison to NMP’s EPT (ensemble perfor-
mance threshold) of 25ms, VoIP deals with delay
restrictions at ~150ms, which makes it much less
time critical and thus allows larger packet buffering
in terms of providing QoS in the application level.

In order to handle unpredictable delays caused by
network jitter, the typical approach in VoIP is using
audio block sizes larger than 1024 samples with their
appropriate compression codecs in combination with
the RTP protocol. By data retransmission possible
packet loss is reduced in order to provide a reliable
voice stream.

Since the EPT of 25ms is significantly smaller than
the VoIP equivalent, most of VoIP principles based
on large packet buffering cannot be adopted.

6. NMP APPROACH

Using no compression avoids the delay associated
with it, but leads to a reduced audio quality, because

the bit-rate limitation of the DSL-Uplink does not
allow high-quality PCM transmission.

It leads to decreasing the audio quality to 8kHz/8Bit
and results in an upstream payload bandwidth of
64kBit/s. But due to the fact that lower sampling
rates cause larger delays when the block size is con-
stant, this in turn increases the blocking delay to
useless values beyond 20ms. On the other hand, de-
creasing the block size to lower the delay is not possi-
ble, as standard soundcards have problems handling
frame sizes below 128 samples.

2 % (256samples/8000samples/s) = 64ms  (4)

A somehow simple way to avoid the larger blocking
delay of lower sample rates is to sample with 48kHz,
but decimate the sampled buffer by a factor of 2, 4 or
8, which is upsampled on the receiving end. Hereby,
additional latency introduced by the required low
pass filtering has to be taken into account. Depend-
ing on the decimation factor this leads to a payload
for one outgoing stream of

768kBit/s/2 = 384kBit/s
768kBit/s/A = 192kBit/s
768kBit/s/8 = 96kBit/s. (5)

In terms of overhead the IP and UDP header gen-
erate another 28 bytes and PPPoE stack another 96
bytes / packet = 124 bytes / packet. Assuming an
audio frame size of 256 samples, 188 packets / s are
sent (at 48kHz) which results in 187 kBit/s overhead
/ stream.

With a decimation factor of 8 the payload of
96kBit /s plus the previously calculated overhead of
187kBit /s results in 283kBit/s which only supports
384kBit /s-upstream lines and moreover generates a
poor audio quality of 6kHz.

Due to the very low delay restrictions, NMP in DSL
networks is feasible only with consequent optimiza-
tion in audio capture / network transmission and
the assumption of stable network conditions.

Since the audio blocking delay appears twice, it has
to be kept as low as possible meaning a sampling rate
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Frame size | Packets/s | overhead total
@48kHz
512 94 93kBit/s | 190kBit/s
256 188 187kBit/s | 283kBit/s
128 375 374kBit/s | 470kBit/s

Table 4: Decimated payload of 96 kBit/s 4+ overhead

of 48kHz and a frame size of 128, which causes a total
audio delay of 5.3ms. In this context the network
delay must not exceed a value of 20ms, which in
general cannot be provided without Fastpath.

7. NMP/ULD APPROACH

Our new approach is to use high quality audio com-
pression with a very low delay in this scenario. We
use the prediction-based Ultra-Low Delay (ULD) au-
dio coder, which we will describe briefly here. It has
an encoding/decoding delay of only 5.3ms at 48kHz
sampling rate (blocking/soundcard delay included).

The ULD Audio Codec enables compression of audio
streams with a block size of 128 samples/frame with
a constant bit rate of down to 64 kBit/s with high
audio quality. This coder is used in combination
with our so called ”Soundjack” system to stream the
audio packets from soundcard to soundcard.

Frame size | Packets/s | overhead total
@48kHz
512 94 93kBit/s | 157kBit/s
256 188 187kBit/s | 251kBit/s
128 375 374kBit/s | 483kBit/s

Table 5: ULD 64kBit/s payload + overhead

Depending on the current network situation, Sound-
jack can accommodate various soundcard prefer-
ences which are as well supported by the ULD
Codec. Besides this, in terms of CPU performance,
a typical PC is still able to process the encoding and
decoding easily.

The ULD Coder achieves a total encoding / decod-
ing delay of 5.33 to 8 milliseconds with sampling
frequencies from 32kHz to 48kHz by separating ir-
relevance and redundancy reduction and assigning

them to different functional units [10][11]. Fig. 5
shows the main functional blocks of the ULD Coder.

A psycho-acoustically controlled adaptive linear fil-
ter is used on the input audio signal s(n) for the ir-
relevance reduction. In our current implementation,
the perceptual model incorporates a DFT based on
256 samples with 50% overlap causing a delay of
128 samples. To synchronize the pre-filtering step
with the perceptual model, a corresponding delay is
introduced in the signal path. The output of the
perceptual model is an estimation of the masking
threshold.

This estimation is then transformed into filter coef-
ficients and a gain factor via the Levinson-Durban
algorithm [13]. Together, the filter operation and
the following filter gain (see Fig. 5) can be inter-
preted as a normalization of the input signal s(n)
to the masking threshold. The resulting prefiltered
signal p(n), which is much smaller than s(n), is then
uniformly quantized into p(n) via a simple rounding
operation.

The decoder (see Fig. 6) contains a post-filter, which
is the inverse of the pre-filter, and hence has a fre-
quency response like the masking threshold. Thus,
the added quantization noise remains at or below
the masking threshold, as desired.

The redundancy reduction employs a predictive loss-
less coding scheme using backward adaptive predic-
tion, resulting in the prediction error signal e(n),
and entropy coding (with the resulting entropy code
words ¢(n)). Both processing steps provide minimal
coding delay and are lossless. However, both steps
inherently produce a variable bit rate, because p(n)
contains a variable amount of information. To facili-
tate a constant bit rate (CBR), a technique has been
developed that allows the user to limit the necessary
data rate. This is described in detail in [2].

In a final stage, side information and entropy coded
audio data are packed into a bit stream; in Fig. 5
this step is visualized as a multiplexer [2].

The total delay of NMP/ULD at 48kHz is made up
of the soundcard delay (capture delay + playout
delay), the additional algorithmic ULD delay (128
samples), the processing delay and the network de-
lay.
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Fig. 5: Basic structure of the ULD Encoder: a) filter coefficients, b) gain factor, c¢) side info including a and
b and additional signaling and initialization information

n ¢’(n) entropy | ¢ (n) inverse P’(n) [ inverse s’(n)
» DE-MUX ™ decoder ™ predictor > gain > postfilter >
i 3

Fig. 6: Basic structure of the ULD Decoder: a) filter coefficients, b) gain factor

total delay =

capturedelay(2.3ms) + U LDalgorithmic(2.3ms) +
processingdelay(< 1ms) + networkdelay +
processingdelay(< 1ms) + playoutdelay(2.3ms) =

7.9ms + networkdelay

(6)
8. QUALITY OF SERVICE FOR NMP

Though the ULD Codec provides error concealment
in case of packet loss or jitter, ways for avoiding
unreliable transmission conditions are to be found
which in turn lead to a suitable quality of service
(QoS) architecture for NMP. The main criteria in
this context are delay, jitter, bandwidth and relia-
bility.

Todays internet works in best effort manner. This
implies that packages are forwarded on the fastest
route if the network resources are available. If this
route lacks bandwidth capacity, network congestion
is the result. This causes network jitter, which de-
lays certain packages more than others and thus can
mix up the packet order. Besides this, larger delays
are possible in case of a route change. With best

effort no guarantee exists that the route is provided
with the sufficient bandwidth capacity.

Through over-providing of the network resources,
the chance for fast and error free packet transmission
is higher, which is already a simple QoS approach.

Hence with best effort internet, the most reliable
NMP usage is achieved in broadband LANs directly
connected to an internet backbone.

On the other hand, in narrow-bandwidth networks
like DSL over-providing of resources is not that sim-
ple. Higher bandwidth can only be obtained by up-
grading the DSL line. So from QoS point of view,
audio compression with the ULD also contributes to
increase QoS, because it decreases the payload that
has to be transmitted.

9. EXPERIMENTAL RESULTS
9.1.

In order to test the software prototype, two NMPs
have been established. Connections were between
Liibeck (ISNM, Germany) and Paris (IRCAM,
France), and between Liibeck and Ilmenau (IDMT,
Germany).

The average UDP-latency
Liibeck and Paris was 20ms.

Broadband tests

(one-way) between
The audio settings
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were 48kHz, 256 samples/frame, which is 5.33ms
blocking delay. As the blocking delay has to be
added twice (capture/playout), the total latency was
30.7ms. The ULD increased the latency to 33.3ms.
In terms of latency we could still play jazz tunes,
but funk tunes or songs supposed to be 100% on the
beat were not playable anymore, since the delay was
above the EPT.

Between Liibeck and Ilmenau the average UDP-
latency was 6ms. With the blocking delay, this
added to 16.6ms. The total latency with ULD of ap-
proximately 19.2ms was still 5.8ms below the EPT.
Hence we could also play tunes which needed more
synchronicity. The only problem we encountered
was occasional network jitter which was caused by
an overloaded router in the local ISNM network.

9.2. DSL Tests

After the successful ULD implementation into
Soundjack, a DSL test connection was established.
A DSL line with a 384kBit/s-Upstream and a DSL
line with an upload of 512kBit/s were interconnected
in mirror mode. That means that only on one end an
active user controlled the application; on the other
end the decoded audio data was simply used as input
for the encoder. This allowed an easy delay mea-
surement on the user side of the connection. For
completeness, the download capacity of both lines
was larger than 2 MBit/s.

The one-way UDP-ping indicated a value of 13ms,
but due to the mirror connection we measured a
roundtrip delay of 26ms.

With the frame size of 256 samples this resulted in
a blocking delay of 10.6ms. This was increased to
13.2ms due to the additional ULD Delay. Hence the
total round-trip latency was 39.2ms, and a one-way
delay of 19.6ms.

With a CBR of 64kBit/s, each stream caused a traf-
fic bandwidth of 251kBit/s. Due to a very stable
connection, the reflected stream had a brilliant au-
dio quality without audible dropouts or distortions.
In terms of latency the one-way UDP ping increased
by 1ms when transmitting audio data, but both lines
appeared to handle the two streams easily and with-
out any increase of jitter.

10. CONCLUSIONS

The approach of capturing audio with very small

frame sizes and sending them across the network
with a minimal buffer size is the key to achieve one-
way latencies below the EPT of 25ms in order to play
NMP sessions. Through the integration of the ULD
codec, the upload bandwidth restrictions for nar-
row band networks (upload bandwidth >256 kBit/s)
are fulfilled without a significant increase of latency
and without audible loss of audio quality. Assuming
DSL connections with the service quality required
for NMPs, we found live play is possible, the same
way as in broad band networks. Due to extremely
small network buffers and low packet sizes, the net-
work jitter is the most relevant problem with NMP
which can either be solved by the best effort ap-
proach of simply using larger bandwidth endpoints
and/or ideally by applying Guaranteed QoS on De-
mand.
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