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Abstract
Subjective testing based on the ITU-R MUSHRA me-
thod has been used to evaluate the perceived quality
of audio signals exposed to packet loss. A congested
best-effort and a Differentiated Services (DiffServ) router
were simulated to find models for the packet loss pro-
cesses. Two different models were combined with three
packet loss rates, three audio clips and two different error
concealment (EC) schemes and the resulting audio qual-
ity was evaluated. Results show statistically significant
effects of both audio clip, EC, and packet loss rate on
perceived quality. No significant difference was found
between the two network architectures, but interaction ef-
fects between the network architectures and both audio
clip and packet loss rate were observed.

1. Introduction
Audio streamed over a packet switched network may be
distorted by lost packets. Packets discarded by congested
routers, packets lost due to link failures, and packets ar-
riving too late for playback all contribute to the total
packet loss. Potential real-time requirements inhibit re-
transmission of lost packets and limit acceptable packet
delay. For applications like Voice over Internet Protocol
(VoIP) and ensemble plays total end-to-end delays of 150
ms [1] and 20-60 ms [2], respectively, are considered ac-
ceptable. Coding and packetizing schemes must be cho-
sen carefully for such applications. Low delay Advanced
Audio Coding (AAC) introduces an algorithmic delay of
at least 20 ms [3] whereas Fraunhofer’s Ultra Low Delay
codec achieves an algorithmic delay of under 10 ms [4].

A packet loss in general leads to the loss of one or
more audio frames, which have to be concealed by the re-
ceiver using some error concealment (EC) algorithm. EC
techniques range from basic schemes like silence inser-
tion to computationally complex interpolation algorithms
in the frequency domain [5]. The error resilience of a
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packet stream can be increased by using Forward Error
Correction (FEC). FEC adds redundancy at the expense
of an increase in bandwidth usage and possibly higher
delay.

In the current best-effort Internet, no guarantees re-
garding packet loss, packet delay or variations in delay
are provided and all types of traffic are treated the same
without any service differentiation. In contrast, the Dif-
ferentiated Services (DiffServ) architecture proposed by
the IETF [6], classifies different types of traffic into a
small number of service classes, each allocated a certain
amount of resources in terms of buffer space and band-
width share. A traffic conditioner ensures that each traf-
fic class does not send more traffic than specified in the
traffic profile. This way a specific traffic class is mostly
unaffected by network traffic from other traffic classes.

Different queue management schemes are possible in
both best-effort and DiffServ networks, with tail drop and
Random Early Detection (RED) [7] as the most com-
mon. To avoid long-term congestion, an active queue
management scheme is used in the Assured Forwarding
(AF) classes in DiffServ, and RED is proposed in [8].
With tail drop, packets are dropped when arriving at a
full queue, while with RED, packets are dropped with in-
creasing probability as a function of the average queue
size, reducing losses occurring in bursts.

Previously, Muppala et al. investigated VoIP perfor-
mance on a DiffServ enabled network and found signifi-
cant improvements, with regard to delay and jitter, com-
pared to best-effort [9]. Aspects of video transmission
over DiffServ have also been investigated, e.g. by Zhu et
al. [10]. An evaluation of packet loss distortion on wide-
band audio has also previously been carried out [11].

The aim of this work is to evaluate and compare the
effects of packet loss on the perceived audio quality for
both DiffServ and best-effort IP networks. Simulations
are used to establish models of the loss patterns for the
different architectures. Only packet loss caused by dis-
carded packets in routers are considered. Also, for sim-
plicity, no compression is employed. I.e. possible inter-
action effects between packet loss and codec distortions
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Figure 1: Simulation set-up.

are not considered.
The network simulations carried out in this work are

presented in Section 2. Section 3 presents details about
the subjective test including choice and processing of test
items. Sections 4 and 5 contain results from the subjec-
tive tests and concluding remarks, respectively.

2. Network Simulations
In order to find loss patterns for audio traffic, a trace
driven simulator of a bottleneck node was implemented
in J-sim [12]. A single audio flow was studied in two con-
figurations; one using best-effort routers, the other using
DiffServ routers. Both used the set-up depicted in Fig.
1. In a best-effort network there is no service differentia-
tion, so the cross traffic here consisted of both Transmis-
sion Control Protocol (TCP) and multimedia traffic with
tail drop as the queue management scheme in the routers.
With DiffServ, high quality audio traffic will be put in a
separate service class and hence will mostly be affected
only by the traffic in this class. In the DiffServ simula-
tions, the cross traffic consisted of audio traffic only. The
studied audio flow and the cross traffic were both classi-
fied as AF traffic and RED was used as the queue man-
agement scheme in the routers.

The simulations were done to find loss patterns for
loss rates of 3, 5 and 7%. To achieve the given loss
rates, the capacity of the bottleneck link was varied. In
addition, for the DiffServ simulations, the parameters of
the RED curve [7] 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 best-effort traffic.
A traffic stream classified as AF should then experience
lower packet loss in a DiffServ network than in a best-
effort network. The results are however representative
for situations with the given average packet loss rates.

2.1. Simulation Results

In the simulations, time instants when losses occured
were recorded. Further, quantile-quantile (QQ) plots
were used to find a good approximation for the distribu-
tion of the time between losses. QQ plots verify the distri-
bution similarity between two data sets. The QQ plot for
the DiffServ case with 3% average loss rate against the
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Figure 2: QQ-plot for the simulation of a DiffServ router
with 3% average loss rate versus Gamma distribution
with the same mean and variance.

Gamma distribution with the same mean and variance is
shown in Fig. 2. As the points follow the 45 degree ref-
erence line quite closely, the distribution of the time be-
tween losses (in number of packets) can be approximated
by the Gamma distribution. The same distribution was
found to fit the other DiffServ cases with loss rates of 5
and 7%.

Losses occur more in bursts for the best-effort case,
and the loss process was found to be best represented by
a three-state model, see Fig. 3. The states represent the
loss period and short and long periods without any loss.
The transition probabilities q and 1− q were found from
the simulations. QQ plots were used also here to show
that the distributions for the time in each state and time
between losses in the loss period could be approximated
by the Gamma distribution.

3. Subjective Testing
The test items for the subjective test formed a balanced
set of three audio clips, three packet loss rates, 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 de-
scribed below. The fact that no audio compression has
been used, enables consideration and evaluation of the
quality degradation caused by packet loss and subsequent
processing without having to consider other distortions as
well.

3.1. Processing

Audio clips were exposed to packet loss rates of 3, 5 and
7 % distributed according to the two models developed
from network simulation as described in Section 2. As
each packet is set to contain only one single frame and no
FEC scheme is employed, a packet loss equals the loss
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Figure 3: Three-state model representing the loss process
for the best-effort simulations.

Audio Details & Source

Castanets EBU SQAM CD (track 27)
Piano Mozart, Turkish march,

Piano Sonata No. 11. Naxos 8.550258
Choir EBU SQAM CD (track 48)

Table 1: Audio material.

of one audio frame. Clips were divided into frames, with
1024 samples between 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
computationally complex frequency domain interpola-
tion scheme. The frame repetition algorithm simply in-
serted samples from the previous frame if a frame was
lost. To avoid discontinuities there were transitions areas
of length 50 samples at the start and end where the in-
serted frame was faded in and out. The second method
is an implementation of the Gapped data Amplitude and
Phase EStimation (GAPES) algorithm [13], which is an
iterative interpolation algorithm. 2048 time samples are
transformed using the Modified Discrete Cosine Trans-
form (MDCT). The algorithm is applied to each of the
1024 resulting MDCT coefficients, using data from the
previous three frames and five future frames. For each
coefficient a maximum of 6 iterations were run.

3.2. Selection of Audio Clips

Audio test material included choir song, castanets, and
piano. These particular clips are a subset of those used
in [11], and were chosen because they were found to re-
spond very differently to packet loss distortions. Clip
lengths varied between 14 and 19 seconds. Clip details
can be found in Table 1.

3.3. Listening Test Methodology

Subjective testing was based on the procedures outlined
in ITU-R Recommendation BS.1534 (MUSHRA) [14].
Due to the nature of the stimuli used in this test (drop-out

Figure 4: Computer interface. The shown interface is in
Norwegian.

errors), band-limited anchors were not employed. Our
own software implementation was used (Fig. 4).

The multi-stimulus methodology of MUSHRA en-
ables subjects to instantly compare and rate several test
items. Instead of just one, subjects are presented sev-
eral test items at a time (see Fig. 4). It is better suited
than ITU-R BS.1116 [15] for evaluation of medium and
large impairments [16]. 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 qual-
ity.

3.4. Subjects and Procedures

24 non-expert listeners (6 female and 18 male) with self-
reported normal hearing participated in the test. The sub-
jects were university students between 19 and 26 years
old. The test consisted of three main sessions, and all
listeners rated each of the 36 test items twice. The test
items were ordered randomly for each subject. The ses-
sions lasted approximately 30 minutes each, and in be-
tween sessions there were 10 minute breaks.

Before the actual test there was a short training phase
where subjects were introduced to audio clips, distor-
tions, 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
questionnaire 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 sound cards. Subjects were able to ad-
just playout-level during the training phase. The test was
performed in a sound insulated room designed for listen-
ing tests.

4. Results and Discussion
This section presents the results of the subjective test.
ANalysis Of VAriance (ANOVA) was used for the sta-
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Figure 5: Perceived audio quality as a function of packet
loss rate. Sample means and 95 % confidence intervals
are shown.

tistical analysis of the output from the subjective test. We
investigated both main effects, which are effects of single
factors on the audio quality averaged over all values of
other factors, and interaction effects. Two factors interact
if the effect of one depends on the value of the other.

4.1. Screening of Subjects

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 [14]. One is
the ability of subjects to make consistent repeated grad-
ings. The other deals with inconsistencies of an individ-
ual grading compared with the sample mean of all sub-
jects. In this work no subjects were omitted based on
these criteria.

4.2. Audio Quality vs Packet Loss Rate

Results from the subjective test were analyzed with re-
spect to the packet loss rate. As expected the perceived
quality decreases with increasing packet loss rate, and a
steeper decrease is observed at low loss rates (see Fig.
5). This corresponds to the findings in [11]. There are
statistically significant differences between the different
loss rates. This can be observed from Fig. 5 where none
of the confidence intervals overlap. Note that the packet
loss degradations are quite severe, even for 3% packet
loss. In today’s best-effort network the packet loss rate is
hard to control. In the DiffServ architecture on the other
hand, a traffic conditioner ensures that each traffic class
conforms to its traffic profile. Traffic exceeding this pro-
file may be given lower priority or dropped. In this way
low loss rates can be ensured for traffic classes following
the defined traffic profile. Packet loss rates well below
5% are then most realistic. Lower loss rates than 3% are,
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Figure 6: Sample means for the two network architec-
tures, with 95 % confidence intervals.

however, not included in this work. Differences in loss
patterns become very 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 of shorter frames may have lead to smaller degrada-
tions in perceived quality as result of packet loss, at the
price of more network overhead and smaller frequency
resolution 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. How-
ever, we believe that the effects of the various factors
would still be relatively similar to those observed here.
In the same way as for packet loss rate, significant main
effects of both audio 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 [11].

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 Fig. 6. However, sta-
tistically significant interaction effects were found both
between network architecture and packet loss rate, and
between network architecture and audio clip. The former
is shown in Fig. 7. For the lowest loss rate in the study
(3%), results from the DiffServ simulations are signifi-
cantly higher than corresponding results from the best-
effort case. This is encouraging as low loss rates are
certainly the most interesting, as argued in 4.2. For the
higher loss rates, no significant differences between the
architectures can be observed.

Similarly, there is an interaction effect between net-
work architecture and choice of audio clip, as can be
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Figure 7: Interaction effects between network architec-
ture and packet loss rate. Sample means and 95 % confi-
dence intervals are shown.

seen in Fig. 8. Losses distributed according to the Diff-
Serv loss model result in smaller quality degradations ex-
cept for the clip ”castanets”. This is interesting and may
simply be because it is hard to estimate missing frames
in this clip regardless of the loss distribution. The EC
schemes fail to produce satisfactory estimates of missing
frames. However, since the best-effort losses occur more
in bursts, there will also be ”long” periods without any
losses at all that contribute positively to the overall qual-
ity rating of the clip. This may in fact also be one reason
why the DiffServ architecture is not found to be benefi-
cial at higher loss rates in this study.

5. Conclusions
Perceived quality of audio signals exposed to packet loss
has been evaluated. Results from subjective test show
statistically significant main effects of both audio clip,
error concealment scheme and packet loss rate. Interac-
tion effects between different network architectures and
both audio clip and packet loss rates are observed. When
considering the packet loss process, the use of DiffServ
architecture with RED queue management is found to be
beneficial for perceived audio quality for the lowest loss
rate.
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