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Abstract — Quality of Service (QoS) control is an important 
issue in Voice over IP (VoIP) applications because of the need to 
meet technical and commercial requirements.  The main 
objective of  this paper is to propose a new QoS control scheme 
that combines the strengths of adaptive rate and speech priority 
marking QoS control techniques to provide a superior QoS 
control performance, in terms of perceived speech quality.  A 
second objective is to propose the use of an objective measure of 
perceived speech quality (i.e. objective MOS score) for adaptive 
control of sender behaviour as this provides a direct link to user-
perceived speech quality, unlike individual network impairment 
parameters  (e.g. packet loss and/or delay). Our results show that 
the new combined QoS control method achieved the best 
performance under different network congestion conditions 
compared to separate adaptive sender rate or packet priority 
marking method. Our results also show that the use of an 
objective MOS as the control parameter for the sender rate 
adaptation improves the overall perceived speech quality. The 
results reported here are based on a simulation platform that 
integrates DiffServ enabled NS-2 network simulator, a real 
speech codec (AMR codec) and the ITU-T standard speech 
quality evaluation tool (PESQ). 

Keywords — Voice over IP, Quality of service (QoS) control, 
Adaptive bit rate, Priority marking, Perceived speech quality, AMR 
codec, PESQ. 

I. INTRODUCTION  
The convergence of communications and computer 

networks has led to a rapid growth in real-time applications 
such as Internet Telephony or Voice over IP (VoIP). However, 
IP networks are not designed to support real-time applications 
and factors such as network delay, jitter and packet loss lead 
to unpredictable deterioration in the perceived voice quality. A 
major challenge that faces network operators/service providers 
is how to control Quality of Service (QoS) to meet technical, 
legal and commercial requirements.  

QoS control mechanisms for VoIP should aim to make 
optimum use of available network/terminal resources and to 
minimise the effects of network impairments on voice quality. 
Several approaches exist to realise QoS control, but most seek 
to control the information flow from the audio/video sources, 
adaptively, in accordance with significant changes in the 
network. An important class of QoS control technique 
involves rate control (i.e. QoS control is achieved by 
automatically adjusting the send bit rate depending on network 

congestion conditions). However, current rate control 
mechanisms [1-3] are based largely only on network 
impairments such as packet loss rate or delay during 
congestion.  The strategy is to control the sender behaviour, 
using the network impairments, from the receiver or the 
network node but this may not be sufficient to provide 
optimum QoS, in terms of the voice quality delivered, because 
the control information is directly linked to user perceived 
quality. 

A second important class of QoS control techniques 
exploits knowledge of the fact that different parts of speech 
have different perceptual importance and so do not contribute 
equally to the overall voice quality [4-6].  In this approach, 
voice packets that are perceptually more important are 
marked, i.e. given priority, and so are less likely to be dropped 
than packets that are of less perceptual importance, if there is 
congestion. The priority marking based QoS schemes are open 
loop and do not make use of changes in the network 
impairments.    

The main objective of this paper is to investigate the 
possibility of combining rate adaptation control technique 
with priority marking, to exploit the advantages of the two 
approaches to provide a robust control scheme which delivers 
optimum QoS in terms of voice quality.  In rate control 
schemes, the cost of adapting the data flow to changes in the 
network is that some packets may be dropped randomly when 
congestion occurs and this will increase the packet loss rate. 
However, in priority marking schemes important packets are 
dropped less and delayed less. Thus, the combined scheme 
should provide improved overall user perceived quality.  
DiffServ is used to implement the scheme and employs 
different queuing methods, the most important of which is a 
variation of random early drop queue (RED queue). RED not 
only gives different packets different drop probabilities, it also 
gives the receiver hints about whether congestion has occurred 
or about to occur. With a proper feedback mechanism, this 
information can be used to control the send bit rate.  

The main contributions of this paper are twofold. First, we 
propose a new QoS control scheme that combines the 
strengths of the adaptive rate control technique and speech 
priority marking QoS technique to provide a superior QoS 
control performance than hitherto possible. Second, we 
propose the use of an objective measure of perceived speech 
quality (i.e. objective MOS score [11]) instead of individual 
network impairments (e.g. packet loss and/or delay) to control 
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sender behaviour as this provides a direct link to user-
perceived speech quality. 

Preliminary results show that by exploiting the strengths of 
both methods, the new scheme achieved the best perceived 
quality compared to rate-adaptive, marking and no control 
schemes under different network congestion conditions.   The 
results are based on extensive simulation in an environment 
that integrates the NS-2 network simulator [12], adaptive 
speech codec (the AMR codec [8]) and an objective perceived 
speech quality measurement system, which is based on the 
ITU-T speech quality evaluation standard [7]. 

The remainder of the paper is structured as follows.  In 
Section II, we present the three QoS control schemes – the 
rate-adaptive, priority marking and the new combined, QoS 
control schemes. The simulation system and experiments are 
described in Section III. The results and discussion are given 
in section IV, and Section V concludes the paper. 

II. QOS CONTROL SCHEMES  

A. Rate-adaptive QoS Control Scheme 
The adaptive rate QoS control scheme is based on the 

AMR (Adaptive Multi-Rate) [8] speech codec. The AMR 
codec was developed by ETSI and has been standardized for 
GSM. It has been chosen by 3GPP as the mandatory codec. It 
is a multi-mode codec with eight modes (MR475 to MR122) 
with bit rates between 4.75 and 12.2 Kb/s. Mode switching 
can occur at any time (frame-based).  Thus, the AMR codec is 
well suited to rate control. 

The adaptive rate QoS control scheme is shown in Fig. 1. 
In the scheme, the send rate of the AMR codec is adjusted in 
accordance with the network conditions to achieve the best 
possible QoS. The bit rate control mechanism is based on 
individual network parameters (e.g. packet loss rate and delay) 
or on the predicted, perceived speech quality (e.g. MOS 
score). In VoIP applications, the feedback information can be 
sent via RTCP reports. The specification of RTP [10] 
stipulates that the RTCP traffic does not exceed 5% of the 
whole traffic and that the time between the reports is at least 
5s.  
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from network parameters (e.g. packet loss and delay) using a 
PESQ based method we proposed in a previous study [11].   

The bit rate control module is used to adapt the send bit 
rate in accordance to the feedback information. The adaptive 
algorithm used in the module follows the ‘additive increase/ 
multiplicative decrease' concept that has been successfully 
employed in other congestion control algorithms, such as TCP 
and ABR [3]. The basic idea is that the AMR codec can 
reduce its bit-rate (if possible) when there is network 
congestion and increase its bit-rate when no congestion is 
detected. The AMR rate is then used to predict the packet loss 
and the MOS. The predicted MOS score is compared with the 
existing MOS and the controller will choose the best step to 
change or keep existing AMR rate. The control mechanism 
used is presented in Section III. 

B. Priority Marking QoS Control Scheme 
In rate-adaptive QoS control scheme, it is assumed that all 

the packets within a flow are equally important. Previous 
research [4][9] has shown that some speech segments are 
more important than others and is the basis for the priority 
marking control scheme, which is depicted in Fig.2. Each 
speech frame is marked differently depending on its 
perceptual importance. For example, the priority-marking 
module marks the beginning of a voiced segment (e.g. the first 
5 or 10 frames of a voiced segment for the AMR codec) as 
high priority (e.g. marked as a ‘premium’ class), while others 
are marked as perceptually unimportant (e.g. marked as a 
‘best-effort’ class). When there is network congestion, the 
perceptually unimportant frames have a higher drop 
probability. This protection scheme results in a lower loss 
probability for packets with high priority and can lead to a 
better perceived QoS compared to no-control scheme.  

Priority marking QoS control scheme can be implemented 
in networks that support Differentiated Services (DiffServ) 
architecture [6], e.g. a simplified 2-bit marking DiffServ 
implementation [13]. 

 
 
 
 
 

C. Combined Rate-Adaptive and Priority Marking QoS 
Control Scheme 

As discussed above, the rate-adaptive QoS control scheme 
is based mainly on an objective MOS score at the receiver and 
packet loss contributed significantly to the measured or 
predicted MOS score. To reduce the long delay caused by 
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The two important modules in Fig.1 are the bit-rate control 
dule at the send side and the perceived quality prediction 
dule at the receive side. Approximately, every 5s (the time 
rval between RTCP reports), a measure of the perceived 
versational speech quality (i.e. MOS score) is predicted 
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virtual queues in a RED queue management system to provide 
different treatment for different priority packets. 

Priority marking should reduce the loss or delay of 
important packets. An important goal is to investigate whether 
the overall perceived speech quality can be improved further 
by combining rate-adaptive and priority marking control 
schemes. This is the motivation of the proposed combined 
QoS control scheme, which is shown in Fig.3.  

performance of different QoS control methods under different 
network congestion situations. The overall performance of 
each of the different QoS control methods is evaluated by the 
evaluation system (III). 
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As shown in Fig.3, the bit rate of the AMR code

adjusted in accordance with the objective, predicted MOS
at the same time, the perceptually important segment
speech are protected by priority-marking. Potentially, 
should make it possible to optimise the perceived sp
quality for VoIP applications using AMR codec. 

III. SIMULATION SYSTEMS AND EXPERIMENT

A. Simulation system 
The combined QoS control scheme was set up as show

Fig.4. It consists of three main parts: (I) An NS-2 netw
simulator [12] to simulate multiple VoIP flows and
networks with congestion; (II) a VoIP simulation syste
simulate VoIP flow, which includes an AMR encoder/ma
loss simulator, decoder, and control modules, and (II
perceived quality evaluation system to provide a measu
the overall speech quality and quantify the performanc
each control method.  

We simulated a simple bottleneck network topology u
NS-2, as shown in Fig.4 (I). A total of N adaptive A
sources were simulated for VoIP traffic (this assumed tha
available bandwidth was shared among these UDP sour
All the sources were set as constant bit rate (CBR) 
source (in order to match with the simulation of VoIP flo
part (II), as VAD for AMR codec was not activated th
The sender bit rate (plus header) was set according to
required bit rate for adaptive AMR codec (CBR source
change the send rate by request but still using the name C
All flows sent by traffic source was traced and the 
information collected and sent back to the loss simulato
part (II). A VoIP flow was simulated via encoder/mark
loss simulator and decoder.  The loss information was 
sent to the quality prediction module to obtain a MOS s
The MOS score was then fed back to the send side for bit
control. A single hop of 2Mbit/s bandwidth, representi
bottleneck link, was set in a DiffServ enabled IP netw
With the increase in the number of simultaneous users sha
the bottleneck link, we were able to investigate 
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precedence of two levels. The basic idea is that a lower 
precedence is used when the CIR is exceeded. The default 
scheduling mode is Round Robin. 

C. Perceived speech quality driven rate-adaptive control 
simulation 

The bit rate control module aims to detect the optimal bit 
rate settings that would yield the best perceived speech quality 
under a given network condition. A perceived speech quality 
MOS score is used as a control metric to drive the control 
mechanism. MOS is predicted at the receive side for each 
RTCP interval (e.g. 5 seconds) and then sent back via the 
RTCP report. A predicted MOS is then calculated and 
compared with reported MOS. If the MOS after rate adaptive 
control are predicted better, the rate will be changed otherwise 
it will stay unchanged. This mechanism can get the balance 
between rate reduction and congestion decrease. A MOS 
driven rate adaptive control loop pseudo code is shown in 
Fig.5. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
MOS prediction is based on the ITU PESQ measurements 

for a given AMR rate and packet loss rate (As described in 
section A of this Section).  

MOS = PESQ {AMR rate, loss rate}                      (1) 
The predicted packet loss in (1) is based on the following 

equation:  
loss rate = ( MR * N - BW) / (MR*N) * 100%       (2) 

Where loss rate is the predicted packet loss rate for next 
control step, MR is the single user transmit rate considering 
header and next step AMR frame payload, N is the number of 
users and BW is the bandwidth they are shared. This is a 
simplified equation and does not consider the effect of a 
limited buffer size and the distribution of arriving packets but 
this will not affect the main predict MOS control idea.    

In the simulation, the threshold1 in Fig.5 was set to 0.2 in 
order to avoid unnecessary oscillation, and the threshold2 was 
set to 0.5 to indicate an obvious decrease in perceived speech 

quality. The maximum MOS (MOS_max) achievable for the 
AMR codec was set to 4. For the AMR codec, the maximum 
bit rate, bitrate_max, was set to 12.2kbit/s and the minimum 
bit rate, bitrate_min, was set to 4.75kbit/s. For every control 
loop, the modified send bit rate was sent back to NS-2 
simulator to adjust the source bit rate. For simplicity, we 
assume that all N sources in the NS-2 use the same AMR 
sender bit rate at the beginning and are adjusted to the same 
bit rate when adaptation occurs.  

D. Simulation of combined rate-adaptive and priority 
marking method 

The modules described above can be integrated to support 
the simulation of the new combined quality of service control 
method. Each user’s packets are traced and recorded for 
evaluation. The packet size and packet loss information is 
used to process a reference speech to get a degraded speech. 
The degraded speech is then compared with reference speech 
using PESQ to get the evaluation result. The results of the 
simulation are discussed in next Chapter.   

1: For each RTCP report  //every 5 seconds 
2: { bitrate_old = bitrate_new;  //save existing status 
3:    MOS_old = MOS_new;  // get the new status  
4:    get MOS_new from RTCP report;  
5:    // compare MOS scores 
6:       if  (MOS_new > MOS_max) goto NOCHANGE 
7:       else if ((MOS_new – MOS_old > threshold1) && 
                                               (bitrate_old != bitrate_max))  
8:           bitrate_new=next_higher_bitrate ; //increase the bit rate 
9:       else  if  ((MOS_old – MOS_new) > threshold2)   
10:         bitrate_new=next_half_lower_bitrate; //halve the bit rate 
11:     else if (( threshold1 < MOS_old – MOS_new < threshold2 ) && 
                                              (bitrate_old != bitrate_min))  
12:         bitrate_new=next_lower_bitrate; //decrease the bit rate 
13:     else 
14:     NOCHANGE: bitrate_new=bitrate_old; // no change of bit rate 
15:     // Predict MOS after rate change 
16:     get MOS_predicted from PESQ{AMR_rate, lossrate_predicted} 
17:     if (MOS_new>MOS_predicted)  bitrate_new=bitrate_old; 
18:     // no change of bit rate 
19:     eles send bitrate_new to sender;  //control the sender  
20: }   

IV. RESULT AND DISCUSSION 
In order to investigate how the QoS control schemes affect 

perceived speech quality under different network conditions, 
different network congestion scenarios are simulated using the 
network simulator NS-2. The bandwidth of the bottleneck link 
was set to a fixed value (2Mbit/s) with a delay of 1ms. The 
number of the streams sharing the link was increased from a 
small number to a large number to simulate different 
congestion scenarios. The starting point was 70 streams 
sharing the bottleneck when there is no congestion at all. The 
number of users was increased from 70 to 140 in steps of 5.  
By 140 users, almost every stream suffered from a very high 
loss rate and all the control methods were unable to cope with 
the impairments well. (Packet loss rate for non-control scheme 
was measured more than 40%). The latest investigation about 
PESQ method’s performance in high packet loss situation [14] 
suggested that MOS score is much lower from PESQ result so 
we stopped to increase the user number after 140, as the result 
is meaningless.       

Fig.5. Rate-adaptive control loop pseudo code
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Fig.6 MOS vs. different control and non-control methods  

In order to compare the performance between the different 
QoS control schemes and a “no control scheme”, we also 



implemented the priority marking, the rate-adaptive and no 
control schemes. For the priority marking and no control 
schemes, the send bit rate of the AMR codec was set to a fixed 
mode (12.2 Kb/s). For rate-adaptive-only control method, the 
bottleneck link was set to a non-DiffServ link with the same 
delay parameters and the rest of the system remained the 
same. The simulation was carried out using the same scenarios 
as described previously. The number of simultaneous users 
was increased from 70 to 140 as before. Fig.6 compares the 
results for all four methods. The results show that for 70 
simultaneous users, i.e. when there is no congestion, all four 
methods have the same performance.  The MOS scores 
represent the highest score obtainable from an AMR codec.  

In general, as shown in Fig. 6, the drop of the speech quality 
follows the similar pattern for all four schemes because they 
all suffering from the packet loss happened in the bottleneck 
link (see Fig.4). For the adaptive rate control scheme, the drop 
of speech quality is less steep compare with the “non-control” 
scheme. This is because the MOS driven rate adaptation can 
choose the best-optimised AMR rate to minimise the affect of 
codec rate decrease and packet loss increase.   For the priority-
marking scheme, the improvement over the non-control 
scheme is stable although not very significant. This is because 
although the DiffServ method can be used to treat different 
packets with different priority (i.e. loss rate), higher priority 
packets still have chance to be dropped, especially when the 
congestion is higher than CIR. From the figure, the 
performance of the new combined scheme is always better 
than those two different control schemes and the non-control 
scheme.     

We also simulated a packet loss driven rate adaptive control 
to compare with the MOS driven rate adaptive control. The 
single packet loss rate control uses the same idea as shown in 
Fig.5 but use packet loss rate instead of MOS as the parameter 
to control the sender rate.  Fig.7 gives the results. 
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V. CONCLUSIONS 
In this paper, we have proposed a new QoS control scheme 

that combines the strengths of rate-adaptive and priority 
marking QoS control schemes and uses an predicted objective 
measure of conversation speech quality as a control parameter. 
We investigated perceived speech quality for different QoS 
control schemes by integrating NS-2 network simulator with a 
real adaptive speech codec (the AMR codec) and a perceived 
quality evaluation system based on the ITU-T PESQ. We used 
the predicted perceived speech quality metric (measured by 
PESQ), instead of individual network parameters, to control 
the AMR codec’s bit rate. Preliminary results show that the 
new control scheme achieved the best perceived speech 
quality compared with rate-adaptive, priority marking and no 
control schemes in different network congestion conditions. 
Our results also show that the use MOS as a parameter to 
control the send rate adaptation can improve the overall 
perceived speech quality. 

In future, the investigation will be extended to include the 
application of the new combined method in a TCP/UDP 
mixed environment. The effects of delay in the DiffServ 
model and the use of conversational speech quality as metric 
to control AMR rate will be studied. 
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