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Summary
Network simulations and subjective testing have been used to evaluate the effects of frame lengths, packetization
settings, and the advantages of using a Differentiated Services (DiffServ) network architecture for music stream-
ing over Internet Protocol (IP) networks. The simulations show that using smaller packet sizes can result in lower
packet loss ratios, even though the total bit rate is increased due to network overhead. The network architecture
simulations show that DiffServ make the packet loss process less bursty when compared to the current Best Ef-
fort (BE) network architecture. These network simulations were followed up with a subjective test to investigate
the effects more thoroughly. The subjective test combined three audio clips, three packet loss ratios (3%, 5%,
7%) and two Error Concealment (EC) algorithms with two packet loss processes. Results from the subjective
test show statistically significant effects of audio clip, EC, and packet loss ratio on perceived audio quality as
well as interaction effects between the network architectures and both audio clip and packet loss ratio. It was
found that for a loss ratio of 3%, the loss pattern from a DiffServ network lead to a significantly higher perceived
audio quality than the loss pattern from a BE network. However, for higher loss ratios no differences can be seen
between the two network architectures.

PACS no. 43.10.Pr, 43.60.Dh

1. Introduction

Audio streamed over a packet switched network may be
distorted by delayed and lost packets. Packets discarded
by congested routers, packets lost due to link failures,
and packets arriving too late for playback all contribute
to the total packet loss. Potential real-time requirements
inhibit retransmission of lost packets and limit acceptable
packet delay. For interactive applications like Voice over
IP (VoIP) and ensemble plays (musicians playing together
over network), total end-to-end delays of 150 ms [1] and
20–60 ms [2, 3] respectively are considered acceptable.
Coding and packetizing schemes must be chosen care-
fully for such applications. In addition, queue management
in the network might have a significant influence on the
packet loss pattern, which in turn might influence the per-
formance of the Error Concealment (EC) and thereby the
perceived quality.

Few studies have been carried out that consider the ef-
fects of network distortions on perceived audio quality for
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CD quality audio. The knowledge of such effects is cru-
cial when designing systems for interactive audio applica-
tions in resource-constrained network environments. The
aim of this work is to evaluate and compare the effects
of packet loss on the perceived audio quality. For com-
pleteness, the behaviour of both current Best Effort (BE)
and future Differentiated Services (DiffServ) network ar-
chitectures are considered, along with potential differences
between them. This work also investigates how the choice
of packetization (e.g. packet size and time between pack-
ets) in the sender, may affect the packet delay and packet
loss ratio for a given audio stream.

It is very hard to define a typical number for both packet
loss and delay. The amount of packet loss in the core net-
work will often be close to 0%, so the total amount is
mostly dependant on the access network. In a congested
wireless network, more than 20-30% packet loss can easily
occur. Measurements can be done in real networks, but re-
sults are valid only at the time of measurement as they de-
pend on the traffic situation. This work investigates packet
loss ratios that are high enough to enable subjective testing
of temporal distributions and at the same time low enough
to limit the quality degradations. Simulations of bottleneck
fixed links are used to establish realistic models of the loss
processes for the different architectures. Only packet loss
caused by discarded packets in routers are considered in
the simulations. Wireless scenarios are not considered in
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this work, but are likely to introduce more isolated losses,
see e.g. [4]. Also, for simplicity, no compression is em-
ployed in the subjective test, i.e. possible interaction ef-
fects between packet loss and codec distortions are not
considered. The effect of codec distortions combined with
packet loss is discussed in [5].

Section 2 presents some basics concerning audio over
IP. Packetization simulations are described in section 3,
while section 4 covers effects of network architectures as
well as the results from the subjective test carried out in
this study. Concluding remarks are given in Section 5.

2. Audio over IP

In this section we give a brief overview of techniques nec-
essary for transmitting audio over IP networks. We also
seek to identify factors that influence the perceived audio
quality when transmitting audio over an IP network.

2.1. Techniques for audio over IP

In order to transmit audio over IP networks, the signal has
to be coded and packetized before transmission. In addi-
tion, in situations with packet loss some processing on the
receiver side is necessary. A short introduction to these
techniques is given in this section.

2.1.1. Encoding
As mentioned in the introduction, interactive applications
impose strict delay requirements on the transmission of
speech and particularly high quality audio (music). The
available audio coding techniques differ quite a bit with
respect to how much delay they introduce.

Some audio coders are designed specifically for such
applications, with low delay. Low Delay Advanced Audio
Coding (AAC) introduces an algorithmic delay of at least
20 ms [6] whereas Fraunhofer’s Ultra Low Delay codec
achieves an algorithmic delay of under 10 ms [7]. APT’s
[8] APT-X offers less than 3 ms delay at 48 kHz sampling
frequency, at the price of a higher bit rate.

The frame size plays a major part in the encoding de-
lay. In MPEG-4 AAC [9] the framing and filterbank will
add a delay of 2048 samples. The transform block size is
2048 for stationary signals, but the encoder can switch to 8
blocks of 256 samples if transients are detected within the
frame. This feature adds another 576 samples to the total
delay [6]. It should also be noted that the use of a bit reser-
voir will add significant amounts of delay. In Low Delay
AAC the delay is reduced by using shorter frames, and re-
moving the possibility for transform block switching.

Restricting the encoder to use short frames and corre-
spondingly short transform lengths, will in general lead to
a decreased coding gain for stationary signals. However,
short frames enable the use of smaller and more frequent
packets, which in turn may affect the loss and delay char-
acteristics.

One interesting property is that all frames have to over-
lap with 50% to achieve perfect reconstruction with the
Modified Discrete Cosine Transform (MDCT), which is

(a)

(b)

Figure 1. Illustration of the consequences of packet loss both with
and without interleaving. (a) Without interleaving: Three conse-
qutive AUs are lost. (b) Interleaving: Lost AUs are spread out.

used in AAC. This means that if one frame is lost, 2048
samples will be affected. However, since the frames are
windowed before the transformation, this will create a nat-
ural fade-in and fade-out [10] if a frame is lost.

2.1.2. Packetization

When AAC encoded content is prepared for streaming
by the sender, it is packetized according to RFC 3640
[11]. The bit stream resulting from one frame is called an
MPEG-4 Access Unit (AU). In normal mode, consecutive
AUs are placed in the same IP-packet as long as the to-
tal packet size does not exceed the Maximum Transmis-
sion Unit (MTU) for the network being used. The MTU is
normally 1500 bytes for Ethernet. In Figure 1a the second
packet is lost, which leads to the loss of AU 4-6. Three
consecutive frames will create a large gap, which can be
difficult for the receiver to conceal satisfactorily. Another
possibility is to use interleaving, as illustrated in Figure 1a.
Using interleaving, two consecutive AUs will not be put
in the same IP packet. A packet loss will lead to multi-
ple small gaps instead of one large gap, which according
to [12] increases the perceived quality significantly. How-
ever, interleaving will also increase the total delay. The
sender has to buffer up AUs before they are packetized,
and the receiver has to buffer AUs before they are played
out.

The packet size and time between packets depends on
the encoder, the chosen bit rate as well as packetization
settings. The use of short frames and heavy compres-
sion will lead to smaller packets. Depending on the out-
put from the encoder, data is placed in packets along with
packet headers. For real-time or near real-time multime-
dia streaming it is common to use the Real-time Transport
Protocol (RTP) [13] as application layer protocol and User
Datagram Protocol (UDP) [14] as transport layer proto-
col. The overhead for each RTP/UDP/IP packet then be-
comes 40 (12/8/20) bytes, when disregarding the link layer
header bytes. If less audio data is placed in each packet,
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more packets are required to transmit the same data, and
the overhead rate increases.

2.1.3. Network Architecture

With the current Best Effort (BE) Internet, no guarantees
regarding packet loss, packet delay or variations in delay
are provided. Further, all types of traffic are treated the
same without any service differentiation. In contrast, Diff-
Serv [15] defines an architecture for implementing scal-
able service differentiation in the Internet. Scalability is
achieved by aggregating the traffic into a small number
of classes called behavior aggregates. A set of functional
elements is then implemented in the network, including
elements for packet classification and traffic conditioning
at network boundary nodes. A set of Per-Hop-Behaviors
(PHB) is defined for the aggregated traffic classes, speci-
fying the forwarding behavior in the routers. This way, rea-
sonable buffer space and bandwidth share are allocated to
each class. Two PHBs have been defined: Expedited For-
warding (EF) PHB, which provides bounds on the end-to-
end delay, and the Assured Forwarding (AF) PHB group
with four different AF classes. For each AF class, addition-
ally three different drop probabilities are defined, further
enabling packet prioritization within an AF class.

Different queue management schemes are possible in
both BE and DiffServ networks, with tail drop and Ran-
dom Early Detection (RED) [16] as the most common. To
avoid long-term congestion, an active queue management
scheme is used in the AF classes in DiffServ, and RED
was proposed in [17]. With tail drop, packets are dropped
when arriving at a full queue, while with RED, packets
are dropped with increasing probability as a function of
the average queue size, reducing the possibility that losses
occur in bursts.

Previously, Muppala et al. investigated VoIP perfor-
mance on a DiffServ enabled network and found signif-
icant improvements with regard to delay and jitter, com-
pared to BE [18]. However, their findings were not fol-
lowed up with a subjective test. Aspects of video trans-
mission over DiffServ have also been investigated, e.g. by
Zhu et al. [19]. An evaluation of packet loss distortion on
wide-band audio has also previously been carried out [20].

2.1.4. Processing in the receiver

When a packet is lost, it will in general lead to the loss
of one or more audio frames, which have to be concealed
by the receiver using some Error Concealment (EC) algo-
rithm. EC techniques will replace missing audio samples
with estimates based on knowledge of the transmitted sig-
nal and the codec, and thereby increase the perceived au-
dio quality. Techniques range from basic schemes like si-
lence insertion to computationally complex interpolation
algorithms in the frequency domain [21]. In general, more
complex EC techniques will result in higher perceived au-
dio quality at the expense of increased computational com-
plexity.

If redundancy is used in the packet stream, effects of
packet losses can be reduced, but adding redundancy will

increase the total bit rate. This redundancy can e.g be a
separate stream with a lower bit rate [22], information to
reconstruct parts identified by the sender as important [23],
or simply sending parts of the bit stream multiple times
[24].

2.2. Quality Considerations of audio over IP

Algorithms exist for predicting the perceived quality of
speech and audio that is transmitted over a network. One
category of algorithms compares the sent reference sig-
nal to a received distorted version. In this category, the
PESQ [25] predicts quite successfully the perceived qual-
ity of speech samples, even with packet loss distortion. A
corresponding algorithm for general audio signals, PEAQ
[26], has not been developed for handling packet loss dis-
tortion, and consequently performs poorly for predicting
such distortion [20]. Another category of algorithms uses a
parametric approach, that is, the quality prediction is based
on transmission channel parameters rather than a specific
distorted sound clip. The E-model has been developed for
speech [27, 28] and handles packet loss distortion as well
[29, 30]. However, no similar objective method has been
developed for general audio, or music signals. Hence, sub-
jective testing were carried out in this work. Below, the
various factors that influence the perceived quality of au-
dio over IP are discussed.

2.2.1. Packet loss ratio

When routers become congested (full queues), arriving
packets have to be dropped. For non real-time applica-
tions (web browsing, file downloads, email etc.) this is not
necessarily a problem since protocols such as the Trans-
mission Control Protocol (TCP) will make sure that lost
packets are retransmitted. However, for real-time applica-
tions there is often no time to wait for retransmission, and
the data in a lost packet is indeed lost.

The impact of a lost packet on perceived audio qual-
ity depends both on the content of the lost packet and the
content of surrounding packets. If the lost data consists of
an onset or a transient, the use of neighboring packets for
estimation becomes difficult. For more stationary sounds,
the content of neighboring packets can be used to effec-
tively estimate the missing data. How the audio is packe-
tized and encoded will also influence the quality, and the
frame length can be an important factor as well. Also, if
consecutive audio frames are placed in the same packet,
this will lead to a large gap, as illustrated in Figure 1a.
Evaluation of packet loss distortions for music has been
performed in [5, 20] and for speech in [29]. These studies
have shown that that the quality decreases quickly when
even small amounts of packet loss are introduced. Here,
we define the packet loss ratio as the ratio of packets that
are lost, to the total number of transmitted packets.

2.2.2. Packet delay

Interactive applications can have end-to-end delay require-
ments as low as 20 ms, as discussed in section 1 [2, 3].
Overly delayed packets that do not arrive at the receiver
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in time for playout translate into lost packets. For non-
interactive applications (moderate) delays need not to be a
major concern. Varying delay (jitter) will, however, still be
a cause of concern. It is the jitter, rather than the average
delay, that determines the required size of the receiver’s
playout buffer.

2.2.3. Temporal loss distribution

The temporal loss distribution also affects the perceived
audio quality. If the distribution is bursty, it can be prob-
lematic to reconstruct the lost data satisfactorily, but on the
other hand, longer periods of error free transmission can be
expected. As previously mentioned, a tail-drop strategy in
the router will typically lead to a bursty loss distribution,
while a RED strategy will reduce the burstiness.

In [30, 31] it was found that a bursty packet loss process
leads to larger impairments for speech when compared to
random packet loss, but that the effect is most dominant
for loss ratios of 5% and higher.

3. Effects of Packetization

First, we investigated how encoding and packetization af-
fects the network and also how the network distorts the
studied flow. Frame lengths, packet sizes, and time be-
tween packets were varied in the simulations. The differ-
ent packetization settings are shown in Figure 3. Changes
in cross traffic audio flow characteristics were also simu-
lated.

3.1. Packetization Simulations

Simulations were carried out using a trace driven simulator
of a bottleneck node implemented in J-sim [32]. All sim-
ulations used the set-up depicted in Figure 2, where the
studied audio stream, or flow, was combined with cross
traffic.

3.1.1. Constant payload bit rate

A router with an output link capacity of 2 Mbps was sim-
ulated for queue sizes of 50 and 100 kB. The cross traffic
in the simulations consisted of both TCP and multimedia
(UDP) traffic. We based our encoding simulation on the
ISO/MPEG Advanced Audio Coding (AAC) standard.

Three different audio cases were simulated, as illus-
trated in Figure 3. The first case, large packets, was a
“standard” 128 kbps AAC flow, with 1024 samples in each
frame (43 frames per second). In the second case, medium
packets, rather than attempting to fill the packets, only one
AU is placed in each packet. The third case, small packets,
used the same packetization scheme as the previous, but
the frame length from encoding was reduced so that each
packet contained only 192 new samples. It should be noted
that this is not possible within the AAC standard, but this
case was added to evaluate how a codec with this possibil-
ity would function in the network. This means that there
were 230 frames, and hence packets, per second rather
than 43. As the total number of header bytes per packet

Studied

Flow

Cross
Traffic Congested

Link

Cross

Traffic

Studied

Flow

Figure 2. Simulation set-up.
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Figure 3. Packetization schemes. Case I (top): Large packets.
With 128 kbps each IP packet will typically contain 3–5 AUs.
Case II (middle): Medium packets. One AU in each IP packet,
leading to approximately 43 packets per second for a sampling
rate of 44.1 kHz. Case III (bottom): Small packets. Each IP
packet contains 192 samples which means just under 230 pack-
ets per second for 44.1 kHz. Case I and case II are based on long
audio frames, while case III is based on short audio frames.

Table I. Efficiency for the different packetization schemes and
two payload rates. The efficiency for Large is given as the upper
bound, that is if all packets have a payload of 1460 bytes.

Packetization Payload Total Efficiency
Scheme Rate Rate

Large 192 kbps 197.3 kbps 97.3%
Large 128 kbps 131.5 kbps 97.3%

Medium 192 kbps 205.8 kbps 93.3%
Medium 128 kbps 141.8 kbps 90.3%

Small 192 kbps 265.5 kbps 72.3%
Small 128 kbps 201.5 kbps 63.5%

is constant, increasing the total number of packets will re-
sult in an increase in the total network overhead. If the
payload / encoding rate is kept constant, as done here, this
also leads to an increase in the total bit rate (Table I).

3.1.2. Constant total bit rate
Simulations were also performed with a constant total bit
rate, independent of frame length and packetization. Keep-
ing the total bit rate constant while reducing the packet
size implies a reduction of the payload rate. For these sim-
ulations, the output link of the router was set to 4 Mbps
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and the queue size was 50 kilobytes. Flows of 170 kbps
and 230 kbps total bit with both large and small pack-
ets were simulated. All simulations were performed twice,
with changes in the audio flows in the cross traffic as the
only difference. Initially, the audio cross traffic consisted
of audio flows with all three packetization settings (mixed
packetization). This was then changed so that all audio
cross traffic flows adopted the same packetization as the
studied flow. It should be noted that the cross traffic con-
sisted of both TCP and video traffic in addition to audio.

3.2. Packetization Simulation Results

The studied flow contributed to only a small part of the to-
tal router throughput and the various settings for the stud-
ied flow did not appear to have any great effect on the
router performance. The router appeared to become con-
gested at approximately the same time regardless of the
characteristics of the studied flow, i.e. this was largely de-
termined by the cross traffic.

From the simulations it was found that the average
packet delay depends heavily on the router queue length,
as is self-evident, but not on the packet size / inter-arrival
times of the studied flow, see Figure 4a. The packet loss
ratio, however, depends heavily both on the queue length
and the packetization, as seen in Figure 4b. The packet
loss ratio experienced by our flow is significantly lower
when many small packets are used instead of fewer large
packets. The packet loss ratio are reduced when the queue
length is increased.

Results from the second round of packetization simula-
tions are shown in Figure 5. Again we see, in Figure 5a,
that the average packet delay caused by the router is fairly
independent of the packet size and inter-arrival time of
the studied flow. We also see that even if the difference
in overhead-rate for the case with small packets is com-
pensated for by keeping the total rate of the flows equal,
the difference in experienced packet loss ratio is still large.
The packet loss ratio is reduced by a factor of about 25
when we switch to small packets. Changing the character-
istic of the audio flows in the cross traffic does not seem
to have any effect on neither the packet loss ratio nor the
packet delay.

The difference in packet loss ratio between the cases
with small and large packets in the studied flow is found
to be very large. In these simulations tail-drop queue man-
agement is used in the router, meaning that if the router
is in congestion (the router queue is full) when a packet
arrives, the packet is discarded. It is, however, easier for
a small packet to be accepted into a router queue than for
a larger packet which requires more free space. It is ob-
served that the packet loss ratio is not affected if the au-
dio flows in the cross traffic adopt the same strategy with
many small packets, which might seem surprising. It is,
however, likely that the packetization strategy of the audio
cross traffic would be more significant had it constituted a
larger part of the total cross traffic.

Keeping the total rate constant while decreasing the
frame length and packet size results in a decreased payload

large large medium medium small small
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[s
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Average packet delay 50 kB queue

100 kB queue
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]

Packet loss rate
50 kB queue

100 kB queue

Figure 4. Simulations with a constant payload rate: (a) Average
packet delay and (b) packet loss ratios for different packetiza-
tions and queue lengths. The three simulated cases from left to
right: Large, medium and small packets.
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Figure 5. Simulations with a constant total rate: (a) Average
packet delay and (b) packet loss ratios for different packetiza-
tions and audio cross traffic packetizations. The four cases from
left to right: short frames (170 kbps), long frames (170 kbps),
short frames (230 kbps), and long frames (230 kbps). Rates are
given as the total bit rate for the flow.

rate as the network overhead increases. In other words,
there is a trade-off between degradations from packet loss
and compression. Transmitting the audio in small pack-
ets is found to decrease the packet loss ratio, but will in-
evitably result in either an increase in the total flow bit rate
or a decrease in the payload rate. It is shown in [5] that a
reduction of the encoding rate from 128 to 64 kbps may
not affect the acceptability in situations with packet loss.
It should also be noted that from a receiver’s point of view
it is generally easier to conceal the loss of smaller packets
(short frames) than larger packets.

4. Effects of Network Architecture

Simulations were combined with subjective tests to inves-
tigate the effect of network architecture on perceived audio
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quality. Audio flows were studied in two configurations;
one using Best Effort routers, the other using DiffServ
routers. In these simulations, the loss ratio is kept the same
for both architectures, although it should be noted that the
use of DiffServ generally will result in fewer packet losses.
The simulation results were used to generate stimuli for
the subjective test.

4.1. Network Architecture Simulations

In a BE network there is no service differentiation, so the
cross traffic here consisted of both Transmission Control
Protocol (TCP) and User Datagram Protocol (UDP) mul-
timedia traffic with tail drop as the queue management
scheme in the routers. With DiffServ, high quality audio
traffic will typically be put in a separate service class and
hence will mostly be affected by the traffic in this class.
Therefore, in the DiffServ simulations, the cross traffic
consisted solely of audio traffic. The studied audio flow
and the cross traffic were both classified as AF traffic and
RED was used for queue management in the routers.

Simulations were performed to find loss patterns for loss
ratios of 3, 5 and 7%. These loss ratios are rather high, but
required in order to evaluate the differences between loss
distributions. Lower packet loss ratios will be problematic
simply due to the low number of lost packets. To achieve
the given loss ratios, the capacity of the bottleneck link
was varied. In addition, for the DiffServ simulations, the
parameters of the RED curve [16] were varied such that
losses occurred because of random drop instead of buffer
overflow. It must be noted that the DiffServ architecture is
designed to avoid long-term congestion for non BE traffic.
A traffic stream classified as AF should then experience
lower packet loss in a DiffServ network than in a BE net-
work.

4.2. Simulation Results

In the simulations, time instants when losses occurred
were recorded. Times between packet losses were then
compared with known distributions using quantile-quan-
tile (QQ) plots, in order to find a good approximation for
the distribution of the time between losses. QQ plots ver-
ify the distribution similarity between two data sets. As an
example, Figure 6 shows the QQ plot for the DiffServ case
with 3% average loss ratio against the Gamma distribution
with the same mean and variance. As the points follow
the 45 degree reference line quite closely, the distribution
of the time between losses (in number of packets) can be
approximated by the Gamma distribution. The same distri-
bution was found to fit the other DiffServ cases with loss
ratios of 5 and 7%. The Gamma distribution is a function
of two parameters, α and β, with mean µ = αβ and vari-
ance σ2 = αβ2. The parameters for the fitted models are
given in Table II.

Losses occur more in bursts for the BE case, and the loss
process was found to be best represented by a three-state
model, as shown in Figure 7. The states represent the loss
period, and short and long periods without any loss. The
transition probabilities q and 1 − q were determined from
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Figure 6. QQ-plot for the simulation of a DiffServ router with
3% average loss ratio versus Gamma distribution with the same
mean and variance.
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Figure 7. Three-state model representing the loss process for the
best-effort simulations.

Table II. Gamma distribution parameters for the DiffServ packet
loss process, given as packets between loss.

PLR α β

3% 0.688 44.942
5% 0.769 25.324
7% 0.881 16.048

the simulations. QQ plots showed that distributions of both
the time in each state, and time between losses in the loss
period, could be approximated by the Gamma distribution.
Distribution parameters are shown in Table III.

The Burst Ratio (BurstR) [33, 30], which is a measure
for the burstiness of a packet loss process, is shown in Ta-
ble IV for all packet loss ratios. If BurstR is equal to 1, the
loss process is by definition random. The burst ratios that
were evaluated are rather small compared with the ones in
[30].

4.3. Subjective Testing

The test items for the subjective test formed a balanced
set of three audio clips, three packet loss ratios, two EC
schemes, and two different packet loss models. All 36 test
items were evaluated against CD-quality references. Both
the stimuli and the listening test method are described be-
low. The fact that no audio compression has been used,
enables evaluation of the quality degradation caused by
packet loss and subsequent processing, without having to
consider other distortions as well.
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Table III. Gamma distribution parameters for the BE packet loss
process. A: BE packet loss process parameters for 3%, q = 0.416.
B: BE packet loss process parameters for 5%, q=0.338. C: BE
packet loss process parameters for 7%, q = 0.485.

A α β

Loss: Packets between losses 0.624 27.144
Loss: Num. losses 1.272 9.237

Short ok: Num. packets 71.756 2.087

Long ok: Num. packets 20.744 12.115

B α β

Loss: Packets between losses 0.631 19.524
Loss: Num. losses 0.905 31.383

Short ok: Num. packets 70.759 1.741

Long ok: Num. packets 16.455 17.906

C α β

Loss: Packets between losses 0.564 18.030
Loss: Num. losses 0.653 73.147

Short ok: Num. packets 36.424 3.543

Long ok: Num. packets 15.446 19.628

Table IV. Burst ratios (BurstR) for the packet loss processes.

PLR DiffServ Best Effort

3% 1.054 1.128
5% 1.043 1.141
7% 1.019 1.186

Table V. Audio material.

Audio Details & Source Length

Castanets EBU SQAM CD (track 27) 14s
Piano Mozart, Turkish march 19s
Choir EBU SQAM CD (track 48) 15s

4.3.1. Processing

Audio clips were exposed to packet loss ratios of 3, 5
and 7% distributed according to the two models developed
from network simulation as described in Section 4.2. As
each packet is set to contain only one single frame (Fig-
ure 3b) and no FEC scheme is employed, a packet loss
equals the loss of one audio frame. Clips were divided
into frames, with 1024 samples in each frame (23 ms at
44.1 kHz sampling frequency).

Frames missing due to packet loss were replaced with
estimates from the EC algorithms. They included a very
simple time domain frame repetition and a more computa-
tionally complex frequency domain interpolation scheme.
The frame repetition algorithm simply inserted samples
from the previous frame if a frame was lost. To avoid
discontinuities there were transitions areas of 50 samples
at the start and end where the inserted frame was faded

Figure 8. Computer interface. The shown interface is in Norwe-
gian. Each screen presents 6 test items and a hidden reference to
the subject.

in and out with a linear slope. The second method was
a more complex interpolation algorithm. Amplitude and
Phase Estimation (APES) is an adaptive filter bank method
for spectrum estimation, and it was extended to handle
gapped-data in [34]. In [35] Gapped-data APES (GAPES)
was used to implement an EC scheme for MPEG-1 Layer 3
(MP3) encoded audio. In our implementation the GAPES
algorithm is applied to each of the 1024 coefficients result-
ing from the MDCT in the AAC encoder, using data from
three previous and five future frames. For each coefficients
a maximum of six iterations were run.

4.3.2. Selection of Audio Clips

Audio test material included choir song, castanets, and pi-
ano. These particular clips are a subset of those used in
[20], and were chosen because they were found to respond
very differently to packet loss distortions. Clip lengths var-
ied between 14 and 19 seconds. Clip details can be found
in Table V.

4.3.3. Listening Test Methodology

Subjective testing was based on the procedures outlined in
ITU-R Recommendation BS.1534 (MUSHRA) [36]. Due
to the nature of the stimuli used in this test (drop-out er-
rors), band-limited anchors were not employed. Our own
software implementation was used (Figure 8).

The multi-stimulus methodology of MUSHRA enables
subjects to instantly compare and rate several test items.
Instead of just one, subjects are presented several test
items and one hidden reference at a time (see Figure 8).
It is better suited than ITU-R BS.1116 [37] for evaluation
of medium and large impairments [38]. The MUSHRA
grading scale runs from 0 to 100, where 0–20 means bad,
20–40 poor, 40–60 fair, 60–80 good and 80–100 excellent
audio quality.
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4.3.4. Subjects and Procedures

26 non-expert listeners (6 female and 20 male) partici-
pated in the test. The subjects were university students
between 19 and 26 years old, and they were paid to par-
ticipate. The test was split up into three main session, and
all listeners rated each of the 36 test items twice. The test
items were ordered randomly for each subject, and pre-
sented to subjects 6 at a time, see Figure 8. I.e. in the first
half of the test, subjects were presented with 6 ’screens’, 2
for each of the 3 audio clips. The sessions lasted approx-
imately 30 minutes each, and in between sessions there
were 10 minute breaks.

Before the actual test there was a short training phase
where subjects were introduced to audio clips, distortions,
test methodology, and the test software interface. Subjects
received thorough instructions in writing before the start
of the test, and were also asked to fill out a short question-
naire with simple questions about their hearing.

Test items were played out to subjects from local
workstations using AKG K271 Studio headphones and
EDIROL UA-25 USB sound cards. Subjects were able to
adjust the playout-level during the training phase, but it
was kept constant during the three main sessions. The test
was performed in a sound insulated room designed for lis-
tening tests.

4.4. Subjective Test Results

Results of participants that reported hearing weaknesses
were omitted. This applied to 2 out of 26 initial partic-
ipants. Two main classes of post-screening methods are
discussed in the MUSHRA recommendation [36]. One is
the ability of subjects to make consistent repeated grad-
ings. The other deals with inconsistencies of an individual
grading compared with the sample mean of all subjects.
All subjects performed satisfactorily with respect to both
these criteria and consequently no subjects were omitted.

The figures in this section present sample means and
95% confidence intervals. Most of the presented confi-
dence intervals are narrow. This is due to the high number
of test subjects, test items, and hence data points.

4.4.1. ANOVA

ANalysis Of VAriance (ANOVA) was used for the statis-
tical analysis of the output from the subjective test (See
Table VI). A balanced ANOVA was used, with Subject as
the only random factor. We investigated both main effects,
which are effects of single factors on the audio quality av-
eraged over all values of other factors, and interaction ef-
fects. Two factors interact if the effect of one depends on
the value of the other.

As seen from the table; clip, EC and PLR are all signif-
icant main effects, but network architecture is not a signif-
icant factor in itself (due to the high P-value). However,
architecture interacts significantly with both PLR and clip.
Also, there are significant interaction effects between clip
and both PLR and EC, which corresponds to the results in
[20].

Table VI. ANOVA table.

Source DF SS MS F P

Subject 23 288195 12530 62.98 < 0.001
Clip 2 20669 10335 51.95 < 0.001
PLR 2 131780 65890 331.20 < 0.001
EC 1 7252 7252 36.45 < 0.001
Architecture 1 380 380 1.91 0.167
Arch. x Clip 2 23027 11514 57.87 < 0.001
Arch. x PLR 2 8330 4165 20.94 < 0.001
Arch. x EC 1 4 4 0.02 0.889
Clip x PLR 4 5348 1337 6.72 < 0.001
Clip x EC 2 8905 4452 22.38 < 0.001
PLR x EC 2 127 64 0.32 0.726

Error 1685 335224 199
Total 1727 829241

3% 5% 7%
0

20

40

60

80

100

Packet Loss Ratio

P
Q

Figure 9. Perceived audio quality as a function of packet loss
ratio. Sample means and 95 % confidence intervals are shown.

4.4.2. Audio Quality vs Packet Loss Ratio

Results from the subjective test were analyzed with respect
to the packet loss ratio. As expected the perceived quality
decreases with increasing packet loss ratio, and a steeper
decrease is observed at low loss ratios (see Figure 9). This
corresponds to the findings for music in [20] and also for
speech [29].

The differences between the three packet loss ratios are
all significant based on a Bonferroni test (p < 0.001 for all
three comparisons). Note that the packet loss degradations
are quite severe, even for 3% packet loss. In a BE network
the packet loss ratio is hard to control. In a DiffServ ar-
chitecture on the other hand, a traffic conditioner ensures
that each traffic class conforms to its traffic profile. Traf-
fic exceeding this profile may be given lower priority or
dropped. In this way low loss ratios can be ensured for
traffic classes following the defined traffic profile. Packet
loss ratios well below 5% are then most realistic. Lower
loss ratios than 3% are, however, not included in this work.
Differences in loss patterns become increasingly hard to
evaluate with a low number of losses, as this requires the
clips to be very long.

It should also be noted that the parameters set in this
work influence the perceived quality. For instance, the use
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Figure 10. Sample means for the two network architectures, with
95 % confidence intervals.
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Figure 11. Interaction effects between network architecture and
packet loss ratio. Sample means and 95 % confidence intervals
are shown.

of shorter frames may have lead to smaller degradations
in perceived quality as result of packet loss, at the price
of more network overhead and reduced frequency resolu-
tion in the encoder. The choice of EC technique obviously
also strongly influences the perceived quality, and smaller
quality degradations may quite possibly be achieved using
other algorithms than in this work. However, we believe
that the effects of the various factors would still be rela-
tively similar to those observed here. In the same way as
for packet loss ratio, significant main effects of both au-
dio clip and error concealment scheme were found. The
clip “castanets” performed worse than the other clips. This
clip has a very transient nature and was also found to be
very sensitive to packet loss in [20]. Surprisingly, it was
the faded frame repetition error concealment algorithm
that performed best in the subjective test. The reason why
our GAPES algorithm doesn’t match those results found in
[35] could be because they only consider rather high loss
ratios (10%, 20%, and 30%).

4.4.3. Audio Quality vs Network Architecture

When averaging over all other factors, no statistically sig-
nificant difference in audio quality was found between the
two network architectures, see Figure 10. However, statis-
tically significant interaction effects were found both be-

castanets

Clip x Netw. Architecture

piano choir
0

20

40

60

80

100

P
Q

Best Effort

DiffServ

Figure 12. Interaction effects between network architecture and
audio clip. Sample means and 95% confidence intervals.

tween network architecture and packet loss ratio, and be-
tween network architecture and audio clip. The former is
shown in Figure 11.

A post-hoc Bonferroni test showed no significant differ-
ence between the two network architectures for both the
5% loss ratio (p = 0.11) and the 7% loss ratio (p = 0.06).
However, for the 3% loss ratio, the perceived quality of the
DiffServ simulations is higher than for the corresponding
BE cases (p < 0.001). Since the lower loss ratios are the
most relevant ones, as argued in Section 4.4.2, the Diff-
Serv architecture might offer an improvement over BE in
realistic situations.

Interestingly, in [30] burstiness had more influence on
the perceived quality (of speech), the higher the PLR. The
results here indicate an opposite relationship. A possible
explanation for this behaviour is that the audio quality be-
comes so distorted that the salience of the loss distribution
is reduced.

Similarily, an interaction is observerd between network
architecture and choice of audio clip, as can be seen in
Figure 12. A post-hoc Bonferroni test nevertheless showed
that for the BE architecture, there was no significant dif-
ference between any of the three audio clips (p > 0.23 for
all three comparison). On the other hand, for the DiffServ
simulations, the castanets clip gave significantly lower per-
ceived quality than the two other clips (p < 0.001 for both
comparisons), and there was no difference between piano
and choir (p = 0.13). In addition, a Bonferroni test showed
significant differences between the two architectures for
all three clips: the DiffServ architecture performed better
than the BE architecture for the piano and choir clips, but
clearly worse than BE for the castanets clip (p < 0.001 for
all three comparisons). This may simply be because it is
hard to estimate missing frames in the castanets clip due
to its transient nature, regardless of the loss distribution.
The EC schemes then fail to produce satisfactory estimates
of missing frames. However, since the BE losses occur
more in bursts, there will also be “long” periods without
any losses at all, which contribute positively to the overall
quality rating of the clip. This may in fact be an additional
reason why the DiffServ architecture is not found to be
beneficial at higher loss ratios in this study.
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5. Conclusions

Simulations have been used to investigate the interaction
between sender parameters and network performance. It
was found that by reducing the size of, and time between,
audio packets, the packet loss ratio of the flow can be
reduced significantly as long as the audio flows consti-
tute a small enough part of the total traffic. The average
packet delay caused by the network is not affected by
sender packetization, this delay is mostly dependent on the
routers queue size.

The impact of packet loss on the perceived audio qual-
ity has also been evaluated for two different network archi-
tectures. Results from the subjective test show statistically
significant main effects of both audio clip, error conceal-
ment scheme and packet loss ratio. Interaction effects be-
tween different network architectures and both audio clip
and packet loss ratios were observed.

The packet loss process from the DiffServ network leads
to a significantly higher subjective quality for a packet loss
ratio of 3%, but no difference between the architectures is
observed for the higher loss ratios. Also, for 2 out of the 3
test clips, the DiffServ packet loss process lead to a higher
subjective quality when averaged over all packet loss ra-
tios. Further investigations should be carried out into the
relation between network distortions and perceived au-
dio quality for interactive audio applications. Particularly
the effects of audio frame size on perceived audio quality
should be studied further with subjective tests.
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