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1.   Introduction

With recent advances in IP (Internet protocol) and
multimedia technologies, various realtime telecom-
munication services such as IP telephony, video-
phones, and video-streaming services are being
developed and provided. It is important to properly
evaluate and manage the end-to-end quality of ser-
vice (QoS) to provide comfortable services because
their performances are generally not guaranteed in
present IP networks. In the next-generation IP net-
work, moreover, commercial realtime telecommuni-
cation services must have an acceptable QoS. The
prime criterion for QoS is subjective quality, i.e., the
users’ perceptions of service quality. This can be
measured through subjective quality assessment.
However, while subjective quality assessment is the
most reliable method, it is time-consuming and
expensive. In particular, it is highly impracticable as
a method for monitoring/managing quality in real
time. Therefore, we need an objective method that is
based solely on physical measurement but produces
results comparable with those of subjective testing.
For managing the end-to-end QoS on a call-by-call

basis, passive (non-intrusive) QoS monitoring is
more suitable than active (intrusive) QoS monitoring.
Non-intrusive methods use either speech/video signal
or network performance metrics. We focus on the lat-
ter approach because it does not require signal
recording equipment and can be implemented easily.
This article describes a non-intrusive QoS monitoring
method for realtime telecommunication services that
can evaluate and manage the end-to-end QoS on a
call-by-call basis by passive measurement of network
performance. First, we introduce the framework of
the non-intrusive QoS monitoring method and
explain the quality estimation factors for speech,
video, and multimodal qualities. Then, we show the
effectiveness of this method through the results of
subjective quality assessment tests.

2.   Framework of non-intrusive QoS monitoring

The framework of non-intrusive monitoring to esti-
mate and manage QoS for realtime telecommunica-
tion services is outlined in Fig. 1. Three key tech-
niques are required: intermediate quality parameter
estimation, intermediate quality parameter reporting,
and end-to-end QoS estimation.

(1) Intermediate quality parameter estimation
It is difficult to estimate end-to-end QoS of realtime

telecommunication services by measuring only net-
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work performance parameters such as IP packet loss
and transmission delay because it depends not only
on network performance but also on terminal/appli-
cation implementation such as codec type and jitter
buffer size. For example, even if no IP packets are
lost in the network, data can still be lost by jitter
buffer overflow/underflow due to variations in net-
work delay. On the other hand, packet-loss conceal-
ment techniques used at a receiving terminal can
ensure that the user does not perceive the quality
degradation even if some IP packets are lost in the
network. Therefore, it is necessary to estimate inter-
mediate parameters by measuring both network and
terminal/application performances in order to esti-
mate the end-to-end user’s perceptual QoS at the
receiving terminal.

(2) Intermediate quality parameters reporting
For integrated QoS management for realtime

telecommunication services, information about the
intermediate quality parameters should be collected
in a QoS management system. The Internet Engi-
neering Task Force (IETF) defined RTCP XR (real-
time protocol control protocol extended report) in
RFC3611 [1]. It defines the extended report packet
type for RTCP and a container for the information
obtained by intermediate quality parameter estima-
tion. This mechanism gives quality information about
interconnection calls in environments with multiple
network service providers or a variety of terminals/
applications. It should be noted that RTCP XR itself
does not have functions for estimating quality. A
quality estimation metric is not recommended in this

RFC but is for further study.
(3) End-to-end QoS estimation
Speech and video qualities are estimated individu-

ally using reported intermediate quality parameters.
Finally, the quality of realtime telecommunication
services should be managed by estimating multi-
modal quality considering the interaction among the
individual speech and video qualities. In Fig. 1, the
QoS management system has functions for estimat-
ing individual and multimodal qualities, but these
functions could be implemented in terminals/applica-
tions.

3.   Intermediate quality parameter estimation

We use an intermediate quality parameter metric
for estimating the end-to-end QoS from network per-
formance metrics [2], [3]. There is a strong correla-
tion between the end-to-end QoS and the total data
loss in the network and terminals/applications.
Therefore, the key point in properly evaluating users’
perceptual QoS is how to measure the data loss at the
jitter buffer in a terminal/application. Although the
data loss in a terminal/application generally cannot
be measured by network managers, our method can
estimate it from network performance measurements.

We chose to use the invalid packet ratio*1 as the

Fig. 1.   Framework of non-intrusive QoS monitoring and estimation.
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*1 Invalid packets: These are packets lost in the network or packets
that arrive late at a terminal/application. The number of invalid
packets divided by the total number of sent packets is defined as
the invalid packet ratio.
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main quality estimation factor. In most cases, subjec-
tive quality is represented as a mean opinion score
(MOS) calculated by averaging the subjects’ scores,
which can be estimated from the invalid packet ratio
in our method. The end-to-end QoS can thus be esti-
mated by determining the relationship between the
MOS and the invalid packet ratio. We define the
invalid packet ratio as the ratio of sent packets to the
sum of the lost and late-arriving packets*2, i.e., those
that do not enter the terminal’s jitter buffer in the
required time and are treated as lost data. The invalid
packet ratio is calculated as a function of the jitter
buffer, packet loss, and delay variation*3 of packets.
The feature of this approach is that these network and
terminal performances can be converted into a single
metric, which is calculated in the following way.
Note that this approach does not take into account the
effects of FEC (forward error correction), ARQ
(automatic repeat request), etc.

When the size of the terminal’s jitter buffer is not
known and is not constant, i.e., the buffer is dynamic,
we can derive an equivalent jitter buffer size based on
the subjective quality evaluation, as illustrated in Fig.
2. Invalid packet ratios are calculated for various pro-
visional buffer sizes, and a regression curve of the
MOS versus invalid packet ratios is calculated. The
buffer size for which the coefficient of determination

is maximum is defined as the equivalent buffer size.
The regression curve calculated with the equivalent
buffer size can then be used as the quality estimation
function. If the equivalent buffer size and this regres-
sion curve are identified beforehand, then the MOS
can be estimated simply by measuring the network
performance for the same terminals/applications.
Therefore, our method enables efficient network per-
formance management considering the end-to-end
QoS because it is not necessary for network managers
to perform subjective quality evaluation trials in each
network.

4.   End-to-end QoS estimation

A subjective quality experiment was conducted
using a point-to-point audiovisual communication
service to evaluate the efficiency of our method. The
experimental parameters for network performance
were packet loss and delay variation.

4.1   Speech quality estimation
The relationship between speech quality and pack-

et loss ratio is shown in Fig. 3(a). Figure 3(b) shows
the result of converting the packet loss ratio in Fig.
3(a) into an invalid packet ratio derived by the inter-
mediate quality parameter metric. Speech quality was
evaluated using a five-grade quality rating scale (5:
excellent, 4: good, 3: fair, 2: poor, 1: bad) and repre-
sented as a MOS calculated by averaging the sub-
jects’ scores. The results in Fig. 3 show that the
invalid packet ratio enables the accuracy of subjec-
tive speech quality estimation to be dramatically
improved compared with using the packet loss ratio.

*2 Late-arriving packets: The number of these packets is calculated
using the delay variation and the jitter buffer size. When the delay
variation for each packet is greater than an equivalent jitter buffer
size (described later), the packet is defined as a late-arriving pack-
et.

*3 Delay variation: We can use the packet-receiving interval or the
delay variation metrics recommended by ITU-T Y.1540 [4] or
IETF RFC3393 [5] as the delay variation metrics.

Fig. 2.   Method of deriving an equivalent buffer size.
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4.2   Video quality estimation
The relationship between mea-

sured video quality and video qual-
ity estimated using the invalid
packet ratio is shown in Fig. 4.
Although the coefficient of deter-
mination is sufficient, it is lower
than that in Fig. 3(b) because the
video coding method used in the
subjective test was MPEG2 based
on inter-frame coding. There are some cases in which
one invalid packet leads to quality degradation in
multiple video frames whose duration depends on the
type of picture*4 with the invalid packet and on the
structure of a group of pictures (GOP), as shown in
Fig. 5. Therefore, we used a new quality estimation
factor, the invalid frame ratio. It is calculated as the
number of degraded frames divided by the total num-
ber of frames. Frames are judged to be degraded from

the header information in invalid packets. Quality
estimation using the invalid frame ratio is shown in

Estimated video quality (MOS)
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Fig. 4.   Video quality estimation using
invalid packet ratio.

One video frame is degraded by one invalid packet in a B-picture.

5 to 14 video frames (11 in this case) are degraded by one invalid packet in
a P-picture. The number of affected frames depends on the position of the 
P-picture with the invalid packet.

17 video frames are degraded by one invalid packet in an I-picture.
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Fig. 5.   Examples of how an invalid packet can affect video frames.

*4 An MPEG2 video sequence is constructed from three types of pic-
tures. I-pictures (intra-coded pictures) are coded without reference
to other pictures. P-pictures (predictive-coded pictures) are coded
with a past intra- or predictive-coded picture and are generally
used as a reference for further prediction. B-pictures (bidirection-
ally predictive-coded pictures) are coded with both past and future
reference pictures and are not used as references for prediction.
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Fig. 3.   Speech quality estimation using two quality estimation factors.
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Fig. 6. The quality estimation accuracy in Fig. 6 is
much better than that in Fig. 4.

4.3   Multimodal quality estimation
Finally, we consider a model that can accurately

evaluate multimodal quality from the individual
media qualities and their interaction [6], [7]. The rela-
tionship between subjectively measured and objec-
tively estimated multimodal quality is shown in Fig.
7. We found that the model’s evaluation error (root
mean square error) was less than the mean of the 95%
confidence interval for the subjective MOS, so the
quality evaluation accuracy of this model is sufficient
for practical use.

5.   Conclusion

We described a non-intrusive QoS monitoring
method for realtime telecommunication services. The
invalid packet ratio and the invalid frame ratio are
effective intermediate quality parameters for estimat-
ing speech and video qualities, respectively. We veri-
fied that the method’s quality evaluation accuracy
was sufficient not only for the individual speech and
video qualities but also for multimodal quality.

In the next-generation IP network, proper manage-
ment of the end-to-end QoS will be an important
function in the network. We believe that non-intru-
sive measurement based on passive network mea-
surement is the most promising way of managing
quality on a call-by-call basis.
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Fig. 6.   Video quality estimation using invalid frame ratio.

Fig. 7.   Estimation of multimodal quality from individual media qualities.

The multimodal quality can be 
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threshold with a certain probability.
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threshold of MOS = 3.5.
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