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ABSTRACT
Robust Header Compression (ROHC) has recently been
proposed to reduce the large protocol header overhead
when transmitting voice and other continous media over
RTP/UDP/IP in wireless networks. In this paper we evalu-
ate the transmission of Global System Mobile telecommu-
nications (GSM) encoded voice with ROHC over a wire-
less link. We evaluate the bandwidth savings and the voice
qualities using a wide array of objective voice quality met-
rics including SNR metrics, spectral distance metrics, as
well as parametric distance metrics. We find that for a
wide range of loss probabilities on the wireless link, ROHC
roughly cuts the bandwidth required for voice transmis-
sions in half. In addition, our extensive voice quality evalu-
ations indicate that ROHC improves the voice quality com-
pared to transmissions without ROHC, especially for large
bit error probabilities on the wireless link. The improvment
increases exponentially from about 0.075 for an error prob-
ability of ������� to 0.36 for an error probability of �	�
��� on
the 5-point Mean Opinion Score.
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1 Introduction

While the main service of first and second generation wire-
less cellular systems has been voice, third generation sys-
tems are designed to support a wide range of services, in-
cluding audio and video applications. This flexibility is
achieved by using the Internet protocol (IP). One major
problem with the RTP/UDP/IP protocol architecture is the
large overhead, which affects the limited bandwidth of mo-
bile channels. A low bitrate speech application can result
in IP packets with a ratio of 30 bytes of payload to 60
bytes of overhead. Recently, RObust Header Comression
(ROHC) [1] has been proposed to compress the protocol
headers for packet transmission over a wireless link.

In this paper we evaluate ROHC for the packetized
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transmission of voice over a wireless link. Our evalua-
tion metrics are the compression gain (reduction in header
and total packet size), the voice quality, and the delay jit-
ter. Importantly, we employ a wide array of objective voice
quality metrics, including both the traditional and segmen-
tal Signal to Noise (SNR) ratios, spectral distance metrics,
and parametric distance metrics. The considered paramet-
ric distance metrics include the Cepstral distance metric,
which can be transformed into the Mean Opinion Score
(MOS), thus enabling us to quantify the effect of ROHC
on the voice quality in terms of the MOS. Our delay jitter
measurements do not consider the jitter of the voice pack-
ets; instead we consider the jitter within the voice signals,
which is closer related to the subjective quality perceived
by the user.

We find that for a wide range of bit error probabilities
on the wireless link, ROHC reduces the protocol overhead
for voice transmission with IPv4 by approximatly 85%,
which reduces the bandwidth required for a typical voice
transmission by about 47%. We find that on top of these
bandwidth savings, ROHC improves the voice quality. On
the 5-point MOS scale the improvement increases roughly
exponentially with the bit error probability. The improve-
ment is about 0.025 for an error probability of �	�����	� � and
reaches 0.175 and 0.36 as the error probability increases
to ��������� � and �	����� . We also find that ROHC slightly in-
creases the jitter for small error probabilities and slighly
reduces the jitter for large error probabilities.

1.1 Related Work

There exists a large body of literature on the development
of header compression schemes for wireless networks and
on the evaluation of these schemes in terms of the network
metrics of throughput and packet delay and packet jitter.
This literature is comprehensively surveyed in [2]. The im-
pact of header compression on the quality of the transmit-
ted medium (e.g., voice) has received very little attention
so far. The only study in this direction that we are aware
of is [3]. In [3] the objective speech quality degradation
(using the traditional SNR which does not reflect the user
perception) is studied for Robust Checksum-based Com-
pression (ROCCO) and the Compressed Real Time Pro-
tocol (CRTP), which may be considered as precursors to
ROHC. In contrast, in this paper we consider the state-of-



the-art ROHC compression scheme and evaluate the voice
quality using an array of objective metrics that allow accu-
rate predictions of the subjective voice quality of hearing
tests.

2 Robust Header Compression

A multimedia stream packet composed for an IP network
transmission consists of a 20 byte IP header, an 8 byte
UDP header, and a 12 byte RTP header. The IPv6 ver-
sion requires a 40 bytes IP header, so the total header size
can sum up to 60 bytes. A speech application generates
compressed data at a low bit rate of around 13 kbit/s. Con-
sidering a typical payload smaller than 40 bytes, the ra-
tio of header size to payload typically results in an signif-
icant waste of link bandwidth. The ROHC compressor re-
places the RTP/UDP/IP overhead by its own, much smaller
header. On the receiver side the decompressor transforms
the ROHC header into the originally layer generated head-
ers, see [2] for details.

To assess the maximum compression gain (packet
size reduction) with header compression we consider an
ideal compression scheme that reduces the header size to
zero bytes. Clearly, such an ideal compression scheme has
a compression gain (i.e., reduces the packet size) by

������������� � !
" �$# "	%'& �)( "!�" �$# "�%'& ��( "+*-, �/.�0213�$#54 (1)

With an GSM codec generating 33 byte frames, the max-
imum saving potential is 676�8 when using IPv4, it grows
to 9�6�8 when using IPv6. As the overhead is constant, the
maximum saving with compression increases as the pay-
load size decreases. Therefore ROHC is well suited for
low bitrate audio streams, where the header size is typically
larger than the payload.

3 Evaluation Methodology

The ROHC measurements were conducted on a testbed
consisting of two Linux machines. The Linux kernels had
been enhanced by an ROHC implementation (provided by
the acticom GmbH, www.acticom.de). We used three dif-
ferent voice files (track 49, track 53, and track 54) taken
from the European Broadcasting Union [4]. The files, given
in the wave file mono format, are at first down sampled
to 8 kHz and then transferred to the communication sys-
tem shown in Figure 1. On the sender’s side the wave file
is GSM encoded (using the encoder [5]). The coded file
consisting of 33 byte frames, is passed to the RTP/UDP/IP
protocol stack. (The wave file header (44 bytes) is not part
of the transmission, because the GSM encoder expects raw
audio data.) The RTP/UDP/IP packet finally arrives at the
ROHC and link layers. The two Linux machines are con-
nected by an Ethernet network. Recent channel characteri-
zation studies [6] have revealed that uncorrelated bit errors
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Figure 1. Communication System: Two Linux PCs, ROHC
is optional.

MOS
5 imperceptible
4 just perceptible but not annoying
3 perceptible and slightly annoying
2 annoying but not objectionable
1 very annoying and objectionable

Table 1. Mean Opinion Score

give a good approximation at the error process in 3G net-
works. Consequently, we simulate uncorrelated bit errors
on the link layer. We use nine different bit error probabil-
ities ranging from �	���>= to �	����� . We repeat each experi-
ment numerous times with independent bit errors to obtain
95% confidence intervals that are smaller than 10% of the
corresponding sample mean.

4 Voice Quality Evaluation Metrics

A very reliable method to evaluate a speech communication
system is to perform speech perception tests with human
listeners. One reliable scheme to conduct subjective mea-
surements is described by ITU-T Recommendation P.830,
the mean opinion score, as shown in Table 1. Subjective
measurements are expensive and time-consuming. There-
fore, significant effort has been devoted to developing an
objective, computer based metric in order to predict the
results of a subjective evaluation. The realiability of ob-
jective metrics is usually verified by a correlation analysis
between the calculated metric and hearing tests among a
distorted data base. A fundamental analysis has been con-
ducted by Quackenbush, Barnwell, and Clement [7], who
evaluated numerous at that time available objective met-
rics in the time and frequency domain. We measure the
voice quality using elementary, objective metrics, proposed
in [7]. We selected the set of metrics to obtain a wide range
of distortions. Table 2 gives the correlations to subjective
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Metric Correlation Reference
(traditional) SNR

* � 4@?3A�B * � 4 C � [7]
segmental SNR

* � 4ED7D�B * � 4ED3F [7]
inv. linear distance

* � 4 9 C/B * � 4 A�F [7]
unw. delta form GH� 4 9�� B GI� 4 6�� [7], [8]
root mean square theor. approach [9]
Log Area Ratio GH� 4 9 ?/B GI� 4 9�6 [7]
Energy Ratio GH� 4 6'J B GI� 4 9�� [7], [10]
log likelihood GH� 4 A J B GI� 4 A�F [7], [11], [10]
Cepstral distance GH� 4 J C [12], [13]

Table 2. Performance of elementary objective metrics. Correla-
tions are given for different distortion types, see [14] for details.

hearing tests. The traditional SNR has a very poor perfor-
mance. However, it is included because of its relevance in
terms of purely objective voice quality. The RMS spec-
tral distance is included because in [9], it is shown that it
is a very meaningful measure for speech perception, as it
can be physically interpreted and efficiently computed. As
illustrated in Figure 2, many metrics use the same coeffi-
cients and are similarly calculated. However, their perfor-
mance differs among different types of distortions, as ver-
ified in [7], [8], [11], and [12]. Due to space constraints
we have to keep this overview of the voice quality met-
rics necessarily short, we refer the interested reader to [14]
for more details on these metrics and their calculation. We
close this section by noting that one could employ the very
complex (and expensive) PESQ [15] measure for the voice
quality evaluation. Instead, we selected the objective met-
rics in Table 2, which have also good correlations with the
subjective voice quality (especially the cepstral distance)
and do not require proprietary software (and thus allow for

replication of our experiments; in fact we plan to make our
evaluation software publicly available to the research com-
munity).

5 Segmental Cross Correlation algorithm
(SCCA)

We transfer voice over a communication system. Thereby,
parts of the voice file can be delayed, other parts can be
lost. The objective quality is based on a comparison be-
tween the distorted and the reference file. To synchronize
these files, we have developed a synchronization algorithm
in the time domain, the segmental cross correlation algo-
rithm (SCCA). For every frame � of the reference file a
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Figure 3. Principle of SCCA: For every frame � of the
reference file, a frame K� of the distorted file is matched.

frame K� in the distorted file has to be found. The frames K�
are stringed and finally form the reconstructed file, which
is synchronized to the reference file.

Let L devote the maximally allowed displacement in



samples between the distorted and the undistorted frames,
each of the length M samples. To match a frame K� to a
frame � , we use a cross correlation function NONQP�R2S
T pro-
posed in [16] to estimate a S ���U� , the actual displacement
between the frames K� and � :S�VXWZY�R � T �\[^]'_ NON P R2S
TZ`5GaLcbdSebfL 4 (2)

Figure 3 illustrates that with (2), for every S a correlation
is calculated, where S � S ����� attains the maximum corre-
lation. This calculation is repeated for the entire sequence
of g frames of a voice file.

6 Evaluation Results

In this section we give an overview of our extensive eval-
uations of voice transmission with ROHC. Due to space
constraints we present here only a representative sample of
our results and refer the interested reader to [14] for more
details.

6.1 ROHC network gain

We measure the header compression gain (i.e., reduction
of header size) achieved by ROHC, which is calculated for
each track as!�" �/# "�% �$�/���e� �XG h & �)( "jiOk l N !�" �/# "�%& �)( "nm �poq1sr ,
%3"3&s&	" # !
" �$# "	%>t 4

(3)
We found that the header compression gain is 84.7 % for
all tracks for the entire range of considered error probabil-
ities from �����>= to �����>� . With IPv4 this implies that the
header size is in the long run average reduced from 40 to
approximately 6 bytes. Now the compression gain for the
total RTP/UDP/IP packet with a payload of 33 bytes can be
calculated asu 1 u �/0
�������;� �XG h R29 * C7C Twv . u "3&R A � * C�C Twv . u "3& t � � 4 A�D$4
This actual compression gain of 47% for the total IP packet
is close to the maximum gain of 55%, obtained from
Eqn. (1). Next we address the question whether this sig-
nificant reduction in consumed bandwidth affects the voice
quality.

6.2 Voice quality gain

As we analyzed three different tracks, we calculated the
mean value of all tracks and thereby obtained a better sta-
tistical reliability. (Note that the individual track measure-
ments were repeated many times with independent bit er-
rors to obtain 95% confidence intervals less than 10% of
the corresponding sample mean.) We use a decibel nota-
tion to simplify the analysis of the quality gain achieved
by ROHC. Table 3 gives the gain definitions used for Fig-
ures 4, 5, and 6. All metrics show an increasing gain

metric gain [dB]
SNR x^y�z|{+}IGIx
segm.SNR x^y�z|{+}IGIx
inv.lin.spectral dist. ? ��~����7��R�x�y�zw{j} B x�T
unw.delta spectral dist. ? ��~����7��R�x B x�y�z|{+}jT
RMS distance x�G�x�y�zw{j}
log area ratio x�G�x�y�zw{j}
energy ratio �	��~	������R2x B x y�z|{+} T)�
log likelihood x�G�x y�zw{j}

Table 3. Gain definitions for different metrics.

with higher error rates. As an exeption, the gain for the tra-
ditional SNR slightly decreases for error rates higher than�	� ����� � . Because of the unequal weighing of soft and loud
frames, the traditional SNR reveals here its worse granu-
larity. The SNR measures indicate a gain between two and
three decibels for link error probabilities in the ���
�>�q� � to�	����� range. Similarly, the spectral distances indicate gains
between � 4 � ? and ? dB for link error probabilities of �	�
�>�
and the parametric distances give gains between � 4 6 and �
dB. Overall, these results indicate that the voice quality
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does not suffer from header compression, on the contrary,
it is improved, especially for high link error probabilities.
Note that these gain values in dB represent the improve-
ment in terms of objective voice quality and not in terms of
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Figure 6. ROHC gain for parametric distances.

user perception. To asses the impact on the user perception
we investigate the improvements on the subjective 5 point
scale (Table 1) next.

We transform the values of the cepstral distance to the
predicted mean opinion score (MOS), using the mapping
verified in [12]. Let o devote the voice quality calculated
by the cepstral distance. The MOS value is given byL kO� � A�4 ����� C G ?�4ED'?�?�D ~ o * � 4 C 6 D'C 6X~ oq� 4 (4)

We define the MOS gain for ROHC asL kO��� Wq� P � L kO�>� y�z|{+} GIL kO� �p��� y�z|{+} 4 (5)

As shown in Figure 7, the predicted gain for ROHC in
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Figure 7. Predicted ROHC gain for mean opinion score.

terms of the MOS increases roughly exponentially with in-
creasing error probability and reaches 0.36 for error proba-
bilities of �	� �>� .
6.3 Delay analysis

The voice quality metrics considered in the preceding sec-
tion do not capture the signal delays. Therefore, we investi-
gate the delay, or more precisely, the delay variation (jitter)
separately in this section. Recall that we employ our SCCA
algorithm to perform delay corrections to the received (dis-
torted) voice signal before evaluating the voice quality met-
rics. The amount of these delay corrections gives the delay

jitter within the voice signal. (To capture the entire range
of jitters we set the maximum total time window of the
SCCA algorithm to the voice file length in the experiments
reported in this section.)

We examine both the delay jitter histogram and the
standard deviation of the delay jitter. Figure 8 shows a typ-
ical histogram of delay jitter for the error probability ���
�>� .
Each bar represents a delay jitter range of 5 msec. (The
bars of ROHC are slightly thinner for graphical reasons.)
Figure 9 depicts the ROHC gain for jitter ( i.e., reduction
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Figure 8. Typical delay jitter histogram for a transmission
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sions.

in delay standard variation). For the bit error probabilities�	����� to �����>�q� � there is a gain between 0 and 10 msec for
all tracks. For the other error probabilities there is a loss
of around 5 msec. Track 54 is mainly responsible for the
loss, for all other tracks ROHC mostly causes a gain. Over-
all, our results indicate that ROHC does not detoriate the
delay jitter. Note that — in contrast to the widely studied
packet delay jitter with ROHC — throughout this section
we have considered the delay jitter in the received voice
signal, which is closer related to the user’s perception.
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7 Conclusions

We have examined the performance of RObust Header
Compression (ROHC), an IP header compression scheme,
for voice applications in 3rd generation mobile networks.
Our evaluations of the compression gain indicate that with
ROHC the header size is reduced by 85% and the total IP
packet size is almost cut in half. As our extensive voice
quality evaluations indicate, this enormous reduction in
used bandwidth does not detoriate the voice quality. On
the contrary, the voice quality is improved by ROHC. All
of the considered parametric and spectral distances indicate
improvements in the objetive voice quality. In addition, the
cepstral distance predicts a subjective quality improvement
of 0.36 on the 5-point Mean Opinion Score (MOS) for a
wireless bit error probability of �	�
�>� . Our phase timing
measurements indicate that ROHC does not detoriate the
delay jitter in the voice signal. One explanation for the im-
proved voice quality is that the smaller packets with ROHC
are more resistant against wireless link errors. Overall,
we note that even if the voice quality improvements with
ROHC are moderate and barely perceivable in many prac-
tical settings (with ambient noise), the compression gain
of ROHC promises remarkable benefit for wireless service
providers. The number of 3rd generation mobile cell phone
users could nearly be doubled by employing ROHC with-
out allocating more link bandwidth.
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