
 
 
 
 
Voice Quality in 3GPP Release 4 Circuit Core 
 
Yi-Chiun Chen†, Sidney Tang† and Yingxin Zhou‡ 
 
Motorola, Inc. 
 
1501 West Shure Drive, Arlington Heights, IL 60004, U.S.A† 
email: {y.chen, sidney.tang}@motorola.com† 
 
No.39A, Zi Zhu Ruan Road, Hai Dian District, Beijing 100089, P.R.China‡ 
email: ying-xin.zhou@motorola.com‡ 

 
 

Abstract:  With the introduction of 3GPP Release 4, the circuit core of UMTS system undergoes 
architectural changes.  Among them, it includes the use of IP transport for voice traffic between media 
gateways.  Unlike legacy TDM networks in 2G GSM and/or 3G Release 99 UMTS systems, IP 
networks are subject to fluctuation in network conditions.  This paper describes a study conducted to 
analyze the impact of network delay, delay variation and packet loss on the voice quality in an IP-
based Release 4 circuit core.  Moreover, this paper also describes suggestions on how to utilize the 
analysis results in defining requirements in IP bearer transmission networks. 
 
Keywords: UMTS, Voice Quality, VoIP, TrFO, MGW 
 
1. INTRODUCTION 

 
Third Generation Partnership Project (3GPP) Release 4 (R4) brings about significant architectural 

changes to the circuit core.  In summary, the R4 circuit switched (CS) domain has the following 
characteristics: 
1) Bearer-independent architecture:  

Compared to the Release 99 (R99) CS domain, the R4 CS domain is transport network 
independent, which means that the R4 CS domain can utilize different transport resources using, such 
as asynchronous transfer mode (ATM) or Internet protocol (IP) [1][2]. The bearer independent circuit-
switched network architecture comprises all core network functionality for provision of bearer- and 
tele-services in a circuit-oriented manner. It includes the functions for the call control, related 
supplementary services, application services and mobility support.  
2) Separation of bearer and signalling: 

Transport and control of the CS domain network are separated to enable service provision by 
different means of transport resources for better transport resource efficiency and convergence with 
the PS domain transport.  
3) Introduction of IP-based transport option: 

A new characteristic of R4 CS domain, compared with that of R99 CS domain, is the flexibility 
for Public Land Mobile Network (PLMN) internal transport means that allows for IP-based transport.  
In essence, the use of ATM-based Universal Terrestrial Radio Access Network (UTRAN) and 
IP/ATM-based circuit core is a characteristic of R4 architecture. 
 

With a new architecture, questions will, naturally, arise as to how the R4 architecture performs in 
relation to the circuit-based R99 architecture.  These questions are of particular importance to 
operators as many of them are contemplating the deployment of Universal Mobile 
Telecommunications System (UMTS) services.  A decision on the circuit core architecture will have 
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significant implications to not only the circuit core but also the design, deployment, planning and, of 
an equal importance, the short-term and long-term investment of the backbone transmission networks. 

While a debate can be staged on the merits of architectural attributes in R4 and R99 circuit core 
design, one of the most important concerns of operators is how the design impacts and enhances the 
delivery of revenue-generating services.  Chief among these services is voice applications.  Today, 
voice is still considered as the “killer” application, generating the bulk of service revenue for wireless 
network operators.  In addition, second generation (2G) Global System for Mobile Communications 
(GSM) wireless subscribers increasingly expect a decent voice quality, as they are accustomed to 
having wired-line service quality as a benchmark for acceptable voice quality in wireless services. 

The first objective of this paper is to summarize the results and findings of a series of tests 
designed to compare, quantitatively, the voice quality under the R4 architecture against the time 
division multiplexing (TDM)-based R99 design. In this paper, detailed descriptions of the test 
environment are also given. 

IP is gaining acceptance in both the wired-line and the wireless world.  With the explosive growth 
in Internet traffic and the maturing of IP technologies, IP has increasingly become the transmission 
medium of choice among telecommunication network operators.  Wired-line voice over IP (VoIP) 
traffic is becoming ubiquitous as the reliability and voice quality of VoIP applications starts to rival 
that of legacy, TDM-based voice services.  On the wireless side, while 3GPP Release 5 embarks the 
migration to all-IP environment, the “IP-evolution” has already started in the circuit core.  With the 
introduction of decomposed media gateway environment in R4, IP can be used for both bearer and 
signaling transport.  Real-time transport protocol (RTP) is specified to be one of the transportation 
options for voice bearer traffic in the Nb interface in R4. 

The nature of IP network environment raises concerns among wireless network planners about the 
reliability of IP as a transport medium for voice traffic and its impact to voice quality.  Unlike a 
TDM-based network, an IP network is a “shared” environment for any application, data and voice and 
there is no dedicated circuit for voice applications.  The voice quality in an IP network is subject to 
the network conditions in the IP network, which can be characterized by a few key attributes, namely, 
packet loss, mean delay and delay jitter.  Packet loss and delay distribution function of an IP network 
dictate how the packet traffic will behave in such a network environment.  It is of particular 
importance to network planners who contemplate to deploy an IP-based UMTS circuit core to 
understand to what extent these attributes impact voice quality in R4 environment. 

The second objective of this paper is to describe the findings and conclusions of tests designed to 
validate several hypotheses regarding the impact of these attributes (i.e. packet loss, mean network 
delay, and delay standard deviation) on the voice quality. 
 
2. KEY CONCEPTS 
 

A few key concepts that are worth discussing briefly first are stated in the following. 
 
2.1.  Voice quality degradation due to codec conversion 

The principle motivation behind codec conversion in wireless networks is to reduce radio-link 
bandwidth requirements since the scarcest network resource is radio-link bandwidth.  Pulse code 
modulation (PCM) voice sample at 64Kbps, while offers excellent voice quality, is not efficient for 
air-interface transmission.  As a result, different standards-based codec conversion schemes have been 
developed to compress and decompress PCM voice samples (i.e. encoding and decoding schemes).  

The increased bandwidth efficiency as a result of PCM coding compression is accomplished at the 
expense of voice quality and encoding/decoding delay.  Note that voice quality will degrade when the 
64Kbps PCM samples are compressed to a lower bit-rate, e.g., Adaptive Multi-Rate (AMR) 
12.2Kbps. The extent of degradation varies from codec to codec.  Additionally, individual codec 
compression schemes have different level of complexity, which will result in different processing 
delays (encoding or decoding).  In addition to the processing delay, the compression process will 
incur scheduling delay as well as packetization delay (i.e. converting PCM samples into packets).  To 
optimize voice quality in wireless networks, unnecessary codec conversion should be avoided to 
preserve the quality level as much as possible. 
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2.2.  Transcoder free operation (TrFO) 
To avoid unnecessary codec conversion, R4 introduced TrFO for mobile-to-mobile calls [3].  

Under TrFO, codec negotiation takes place during call setup between two mobile switching centers 
(MSCs).  As part of the negotiation during the signaling, a codec list is exchanged between the 
originating and terminating MSCs.  The originating MSC indicates a list of codecs supported and the 
preference of the codecs.  The terminating MSC responds with a list of available and selected codecs, 
which is then transmitted to the originating mobile.  Thus, once a common codec is negotiated, AMR 
voice samples do not have to be converted from one bit-rate to another in mobile-to-mobile calls. 

Where no compatible codec type can be selected between the mobiles then the default PCM 
coding will be used.  The originating MSC shall insert a transcoder in the path from the originating 
mobile. Codec selection for the terminating mobile is then performed within the terminating MSC, 
independently of the originating MSC. 

 
2.3.  IP bearer transport in R4 circuit core 

3GPP R4 specifies the option of using IP as the transport medium for Nb user plane.  Bearer 
traffic is transmitted in RTP packets over user datagram protocol (UDP) for layer 4 and over either 
IPv4 or IPv6 for layer 3 between media gateways (MGWs).  RTP version 2 is specified in 3GPP.  In 
addition, the RTP header contains, among other information, a sequence number.  The number is 
provided by the source MGW of an RTP packet. The sink MGW of an RTP packet may ignore the 
sequence number or it may use it to obtain statistics about the link quality and/or to correct out-of-
sequence delivery, e.g. by dropping out-of-sequence packets.  In addition, a timestamp is supplied by 
the source MGW of an RTP packet.  The sink MGW of an RTP packet may ignore the timestamp or it 
may use it to obtain statistics about the link quality and/or to correct jitter. 
 
2.4.  Voice quality measurement 

Voice quality perceived by end users provides one of the performance indications of a telephony 
system. MOS (Mean Opinion Scores) is a common method specified in [4] to assess voice quality 
perceived by users. True MOS averages are obtained by having a group of human listeners rate many 
speech samples according to a numeric scale from 5 to 1 where a score of 5 represents the best voice 
quality with imperceptible degradation and a score of 1 the worst with objectionable degradation. As 
such, true MOS results are subjective, demand careful experimental design, require a great deal of 
time and effort to achieve, and may not be easily replicated. PESQ (Perceptual Evaluation Speech 
Quality) described in [5], on the contrary, is an objective measurement tool that provides a rapid and 
repeatable measurement in predicting the results of subjective listening tests on telephony systems. As 
shown in Figure 1, PESQ uses a sensory model to compare the original voice signal with the degraded 
voice signal from the telephony network or network component.  
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Figure 1: Use of PESQ 

 
The resulting quality score is analogous to the subjective MOS measured using panel tests as 
described above. The PESQ scores are calibrated using a large database of subjective tests. PESQ 
scores lies on a scale from -0.5 to 4.5, but in most cases it is between 1.0 and 4.5 comparable to MOS. 
Table 1 gives typical PESQ scores from a number of networks and voice coders with no errors and 
packet loss. It also gives the scores that can be expected in some mobile network conditions where 
errors are significant. 
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Compression scheme PESQ Score 
Clean ISDN Network 4.3 
Analog Network (G.711) 4.1 
G.728 Codec (16kbps) 3.8 
G.729 Codec (8kbps) 3.6 
G.723.1 (6.3 kbps) 3.5 
GSM EFR (Enhanced Full Rate) Codec (12.2 kbps) 3.9 
GSM FR (Full Rate) Codec (13 kbps) 3.5 
GSM-EFR mobile network in typical operating range 3.6 to 3.1 
GSM-EFR mobile network in very poor condition 2.2 

Table 1: PESQ scores of different codec compression schemes and mobile networks [6] 
 
3. HYPOTHESES  
 
1) Voice quality of mobile-to-mobile (MTM) calls in R4 in an IP network under “no 
impairment” must be better than that in R99, and voice quality under “good” conditions is no 
worse than that in R99 

While R99 has the advantage of utilizing dedicated circuits for transporting Nb user plane traffic, 
it has to perform transcoding (i.e. AMR to/from PCM transcoding) in both outbound and inbound 
direction, thus incurring voice quality degradation.  In R4, TrFO implementation avoids unnecessary 
transcoding in MTM calls, which enhances voice quality.  On the other hand, the voice quality is 
subject to IP network conditions.   

There is no universal definition of “good” IP network conditions.  In this paper, the definition 
specified by China’s Ministry of Information Industry is referenced.  The following table describes 
the definition of good and poor network conditions. 
 

Definition Mean Delay (ms) Delay Jitter (ms) Packet Loss (%) 
No Impairment 0 0 0 
Good 100 10 1% 
Poor 400 30 5% 

Table 2: Reference definition of network conditions 
 

To counter the impact of network delay fluctuation (i.e. jitter) and packet loss, MGWs typically 
implement a jitter buffer and voice quality enhancement mechanism such as error concealment 
technique.  A well-design buffer with a generous buffer size (e.g. 80ms) should be able to wither the 
impact of delay distribution (mean and standard deviation) and packet loss when they are relatively 
moderate.  By implementing an error concealment technique, MGWs can smooth out voice samples to 
mitigate the impact of packet loss. 

It is expected that the advantages and disadvantages of transcoding and transmission in R4 and 
R99 be balanced out, at least under “good” IP network conditions.  The net result is that the voice 
quality in R4 under “good” IP network conditions should be at least as good as that in R99. 
2) Voice quality in R4 under “poor” IP network conditions is inferior to that in R99 

Under “poor” IP network conditions, packet loss and delay jitter become severe enough that the 
voice quality will suffer significantly.  First, when excessive packet loss occurs, packet extrapolation 
or packet duplication by an error concealment technique will not be able to adequately compensate the 
lost packets.  Voice quality will be compromised.  In addition, excessive packet loss will cause 
packets to arrive out of sequence, which degrades the voice quality.  When the fluctuation in inter-
packet arrival time (i.e. network delay jitter) becomes so severe, the MGW buffer will no longer be 
able to compensate for the variation of the arrival time.  The buffer may have to treat the late arrival 
as dropped packets.  The net result is voice quality in such a poor network environment will be 
inferior to that in R99. 
3) Network delay has no impact to voice quality in R4 

There are two aspects of call quality – conversation quality and voice clarity.  Conversation 
quality deals with whether a conversation occurs naturally and interactively over the phone.  Voice 
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clarity, on the other hand, refers to how clearly the voice is heard.  While the former is judged 
subjectively, the latter is measured by PESQ.  Network delay adversely impacts the quality of a 
conversation, as excessive round-trip delay will create the cross-talk effect.  A one-way delay of over 
150 ms is typically considered as undesirable.  In fact, ITU-T G.114 specifies that the maximum one-
way delay be no greater than 150 ms [7].  

It is expected that there be no impact of the network delay to the voice quality.  When voice 
sample packets arrive in steady streams at the terminating MGW, the jitter buffer in the MGW 
performs the function of smoothing the variation in the arrival rate of the packets.  The jitter buffer, 
on the other hand, plays no part in determining or changing the delay of individual packets in 
traversing across the IP network.  For example, when the first AMR packet leaves the originating 
MGW at t=0 ms, it takes, on average, µ ms (i.e. mean of delay distribution) to arrive at the 
terminating MGW.  The second AMR packet will depart at t=20 ms and arrive, on average, µ + 20 ms 
later.  For the terminating MGW, the first and the second packet arrive at 20 ms apart.  As long as the 
inter-packet arrival rate does not vary significantly, the buffer in the terminating MGW will smooth 
any variation and deliver consistent, steady packet streams to the other parts of the MGW for further 
processing. 
4) Higher network delay standard deviation (i.e. delay jitter) results in lower voice quality 

While mean network delay should have little impact to voice quality, variations in network delay 
(i.e. delay jitter) can adversely impact voice quality.  The buffer in the MGW is designed to smooth 
packet arrival variations by storing and forwarding packets in either a pre-determined or an adaptive 
time interval.  When the jitter is so severe, packets may arrive at the terminating MGW either too late 
or in wrong sequence. When the variation goes beyond the buffer processing interval, the late arrival 
packets will be simply dropped.  When the jitter is significant, packet may arrive at the MGW in a 
wrong sequence.  When arriving beyond the buffer-processing interval, wrong sequenced RTP 
packets will be dropped.  The net result is a compromised voice quality. 
5) Higher packet loss ratio in IP network results in lower voice quality 

When RTP voice sample packets are dropped excessively in the IP network, the error 
concealment mechanism implemented in a terminating MGW (e.g. smoothing the voice profile by 
duplicating a previous packet as a replacement) can no longer compensate for the loss.  It is expected 
that excessively packet loss will degrade voice quality.  
 
4. TEST ENVIRONMENT 
 

The network configuration for R4 voice quality test is shown in Figure 2. Note that only the 
bearer path is shown in the figure for the focus of voice quality.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2: R4 Voice Quality Test Configuration 
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In the test configuration of R4 CS domain, two MGWs are connected using IP transport for the 
Nb interface. Voice bearer traffic exchanged between the two MGWs uses RTP for the transportation 
protocol. An IP network impairment emulator is inserted to simulate impairment, such as packet loss, 
delay and jitter induced by an IP network. A sniffer using Ethereal (http://www.ethereal.com) is also 
attached for monitoring the RTP packets over the IP network. The IP network impairment emulator 
offers several options for different kinds of impairment.  For example, packet loss can be generated 
periodically, randomly or in a burst. In the test, the Sniffer helps to verify the impairment introduced 
by the IP network emulator through monitoring the RTP packets carrying voice bearer traffic over the 
Nb interface. An AMR call generator and a VQT (Voice Quality Tester) are used for load generation 
and voice quality measurement respectively. In the tests, mobile-to-mobile calls are used. The AMR 
call generator emulates and provides loads in the access network so no radio network subsystem is 
required in the tests. As such, the voice quality measured is purely attributed to the circuited-switched 
core network.  

It is known that voice quality measurement varies in a diverse range for different voice test 
samples even with the same voice codec, which is AMR in our case. In the test, a voice sample 
composed of a male, a female and a child’s voice is used. The original recorded signal of the voice 
sample is in generic PCM .WAV voice format. The voice sample is then used and transformed into a 
digital format using 12.2 kbps AMR codec by the call generator. 

Voice quality is measured at both directions of a call and at least ten replications are done to 
compute the average PESQ.  A random distribution for the packet loss and a Gaussian distribution for 
the delay and jitter at the IP network are used in the tests.  Tests are conducted with a combination of 
packet losses, different means and standard deviations for the Gaussian distributed network delay. In 
light of the importance of TrFO for voice quality improvement in R4, tests are conducted with TrFO.  
Voice quality test with TDM transport between the two MGWs (i.e. R99) is also performed as a 
baseline for comparison. 
 
5. TEST RESULTS AND ANALYSIS 
 
 Hypothesis (1) - Voice quality of MTM calls in R4 under “no impairment” IP network conditions 

is better than that in R99; at least as good as that in R99 under “good” IP network conditions. 
Assumption:  

- “Good” IP network conditions in this test is defined as  
 Packet loss at no greater than 1% 
 Delay distribution of µ = 100ms and σ = 10ms (Normal distribution) 

Test results: 
Circuit core design Packet loss (%) Delay and Delay Jitter Average PESQ 

R4 (TrFO) 0 0 4.04 
R4 (TrFO) 0 µ = 100ms, σ = 10ms  3.96 
R4 (TrFO) 1 µ = 100ms, σ = 10ms 3.70 
R99 Not Applicable Not Applicable 3.80 

Table 3: PESQ of R4 (TrFO) and R99 – “good” network conditions 
 

As shown in the table above, R4 with TrFO enabled scores better than R99 in PESQ, under “no 
impairment” and “good” network conditions, with packet loss less than 1%.  On the other hand, R99 
outperforms R4 with TrFO enabled when the packet loss is at 1%.  However, it should be noted that 
the numeric differences between the scores are relatively minor. 
Test conclusion: 
The test results partially validate hypothesis (1).  Under 0% packet loss condition, R4 with TrFO 
actually outperforms R99 in PESQ.  On the other hand, when packet loss is at 1%, the reverse is true. 

However, R4 with TrFO and 1% packet loss, in practical sense, can be considered as in parity 
with R99 in PESQ.  It is doubtful that the minor difference in PESQ will result in noticeable voice 
quality gap.  From a practical sense, the hypothesis is validated by the test results. 

 
 Hypothesis (2) - Voice quality in R4 under “poor” IP network conditions is inferior to that in R99 

Assumptions: 
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- “Poor” IP network conditions in this test is defined as  
 Packet loss at greater than 1% 
 Delay distribution of µ = 400ms and σ = 30ms (Normal distribution) 

Test results: 
Circuit core design Packet loss (%) Average PESQ 

R4 (TrFO) 5 2.77 
R4 (TrFO) 10 2.46 
R99 Not Applicable 3.80 
Table 4: PESQ of R4 (TrFO) and R99 – “poor” network conditions 

 
When the IP network conditions were made worse, the R4 TrFO PESQ significantly deteriorated, 

falling to 2.77 and 2.46 for 5% and 10% packet loss, respectively. 
Test conclusion: 

The test results seem to support the hypothesis that, under “poor” network conditions, R4 with 
TrFO enabled under-performs R99 in voice quality (PESQ), which validates hypothesis (2).  And, the 
difference in PESQ between R99 and R4 with TrFO is significant enough that noticeable different 
voice quality is evident. 

 
 Hypothesis (3) - Network delay has no impact to voice quality in R4 

Test results: 
To compare PESQ in different mean delay value (i.e. 100ms vs. 400ms), both packet loss and 

delay standard deviation (i.e. delay jitter) are held constant. 
 

Circuit core design Packet loss (%) Mean delay Delay std. deviation Average PESQ 
R4 (TrFO) 0 100 10 3.96 
R4 (TrFO) 1 100 10 3.70 
R4 (TrFO) 5 100 10 3.24 
R4 (TrFO) 10 100 10 2.81 
R4 (TrFO) 0 400 10 3.86 
R4 (TrFO) 1 400 10 3.62 
R4 (TrFO) 5 400 10 3.21 
R4 (TrFO) 10 400 10 2.89 
R4 (TrFO) 0 100 30 2.83 
R4 (TrFO) 1 100 30 2.72 
R4 (TrFO) 5 100 30 2.76 
R4 (TrFO) 10 100 30 2.45 
R4 (TrFO) 0 400 30 2.81 
R4 (TrFO) 1 400 30 2.69 
R4 (TrFO) 5 400 30 2.77 
R4 (TrFO) 10 400 30 2.46 

Table 5: PESQ of R4 (TrFO) under different network conditions 

Figure 3: Impact of mean network delay on PESQ 
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As shown in Table 5 above, the average PESQ scores are almost identical between 100ms and 
400ms delay mean value when packet loss and delay jitter are held constant.  The results are further 
illustrated in Figure 3. 
Test conclusion: 

Based on the test results, it is concluded that voice quality is not influenced by the network mean 
delay value. 

 
 Hypothesis (4) - Higher network delay standard deviation (i.e. delay jitter) results in lower voice 

quality 
Test results: 

 
 
 
 
 
 
 
 
 
 
 

Figure 4: Impact of network delay variation on PESQ 
 

To compare the effect of network delay variation on PESQ, both packet loss and network delay 
are held constant.  As shown in Table 5 and Figure 4 above, PESQ scores are consistently higher in 
low delay jitter environment, regardless of the mean delay value.   
Test conclusion: 

Evidence from the tests supports the hypothesis that delay standard deviation adversely impacts 
the voice quality as measured in PESQ.   

 
 Hypothesis (5) - Higher packet loss ratio in IP network results in lower voice quality 

Assumptions: 
For ease of comparison, the delay distributions are categorized into two groups, as described in the 
table below: 

Category Mean delay Delay std. deviation 
Good (100) 100 10 
Good (400) 400 10 
Poor  (100) 100 30 
Poor  (400) 400 30 

 
As proved above, mean delay has no significant impact to the voice quality in an R4 environment.  

To provide more data points, PESQ scores under different mean delay values are treated as separate 
data points. 
Test results: 

As shown in Table 5 and Figure 5 below, the PESQ scores are directly inversely correlated with 
the packet loss percentage in “good” network delay environment.  In other words, lower packet loss 
results in higher PESQ in “good” network delay environment.  However, when the network 
conditions deteriorate, the PESQ scores trended downward.  In addition, the PESQ scores of different 
packet loss levels except 10% become converged and almost indistinguishable. 
Test conclusion: 

Evidence from the tests appears to support the hypothesis that packet loss is inversely correlated 
with PESQ across different network conditions.  Test results also indicate that the inverse relationship 
seems to weaken when network conditions deteriorate significantly as the scores start converging. 
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Packet Loss Impact on PESQ
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Figure 5: Impact of packet loss on PESQ 

 
6. DISCUSSIONS 
 
6.1.  MGW design and delay variation impact 

Jitter buffer in the MGW plays a vital role in determining the impact of network delay variation 
on voice quality.  A buffer in the MGW is designed to wither the impact by regulating the variations 
in inter-packet arrival time.  Late or early arrivals will be processed so that voice packets are sent to 
the rest of the MGW for further processing.  If the jitter buffer is designed properly, it can mitigate the 
effect of delay variation when the variation is within the extent the buffer is capable of handling.  
Thus, the impact of delay variation on PESQ is hinged on two variables – the extent of network delay 
variation experienced in the IP network and the capability of the jitter buffer of the MGW. 

To illustrate this point, some of the key buffering capabilities in a MGW is turned off in an 
experiment and the PESQ scores were measured under the “good” network conditions (i.e. delay 
distribution of µ = 100ms and σ = 10ms, packet loss <= 1%).  The test results showed that the PESQ 
scores dropped to less than 3.0 from greater than 3.70. 

In addition, a MGW typically implements error concealment techniques to mitigate the impact of 
lost packet on voice quality.  In other words, the capability of the MGW can dictate the extent of 
impact of packet loss on the voice quality. 

 
6.2.  Design of IP-based R4 circuit core 

The above test results provide some insights to the impact of IP network conditions on the voice 
quality as measured in PESQ.  The insights can be used to aid operators in specifying design 
requirements for the IP bearer transmission networks in order to deliver a certain level of voice 
quality to subscribers.  The following example illustrates how the test results may be turned into 
design requirements. 

For example, if an operator determines that a minimum of 3.5 in PESQ score is required, the IP 
networks have to meet the delay and packet loss characteristics in Table 5.  In other words, delay 
distribution of µ = 100ms and σ = 10ms and packet loss of 1% or less have to be met by the IP 
transmission networks. 

However, two points need to be highlighted in specifying the requirements.  Firstly, as discussed 
above, the impact of delay variation and packet loss on PESQ is also dependent on the capability of a 
jitter buffer and error concealment techniques implemented in the MGW in the R4 circuit core.  Thus, 
the results cited here are more relevant to the MGW we used in the experiment.  It is recommended 
that the above test results provide a starting reference point for operators using equipments from a 
variety of vendors in the definition of IP bearer transmission networks.  Further testing is encouraged 
then to refine the requirements to incorporate the specific capabilities of the equipment to be tested.  
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Secondly, PESQ measures voice quality, not conversation quality (e.g. crosstalk).  Therefore, though 
it is shown in the test results that network delay has no impact to PESQ, it is necessary to consider 
conversation quality in defining the network delay requirement. 
 
7. CONCLUSION 
 

3GPP Release 4 offers a different network design and architecture in the circuit core.  In a 
decomposed media gateway environment in R4, voice bearer traffic can be transported over IP 
between media gateways.  In such an environment, the traffic is subject to the conditions of the IP 
networks. 

In this paper, the test results of an experiment conducted by us show that the voice quality of R4 
circuit core, when IP transport is used, performs as good as that of R99 circuit core and that mean 
network delay has no significant impact on the voice quality as measured in PESQ.  On the other 
hand, network delay variation and packet loss are shown to have inverse relationship with PESQ.  In 
other words, a lower PESQ is observed with higher network delay variation and packet loss. 

With such information as revealed in the experiment, operators can derive the requirements for 
the IP bearer transmission networks to meet certain voice quality targets.  It should be noted that the 
impact of network delay variation and packet loss is dependent on the capability of the MGW in the 
R4 circuit core.  Specifically, the jitter buffer and the error concealment techniques employed in a 
MGW will influence the PESQ under a given level of delay variation and packet loss. It is 
recommended that the analysis results be used as an initial reference point in defining the IP network 
requirements and that the requirements be further refined to incorporate the specific implementation 
in the jitter buffer and the error concealment employed in the media gateways in the R4 circuit core. 
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