
Practical cross‑layer testing 
of HARQ‑induced delay variation on IP/RTP QoS 
and VoLTE QoE
Adriana Lipovac*  , Vlatko Lipovac, Ivan Grbavac and Ines Obradović 

1  Introduction
Voice-over-IP (VoIP) has been deployed for quite a long time in wireline networks pav-
ing the way to IP telephony [1]. In mobile and wireless environment, the fourth genera-
tion (4G) networks—namely the Long Term Evolution (LTE) in particular, has provided 
generally very good Quality-of-Service (QoS), which includes Voice-over-LTE (VoLTE) 
as well, and enables its widespread use. Still, a need can arise to practically explore the 
impact of inherent drawback of LTE for voice transport—additional delay due to retrans-
missions at lower layers, which, under some circumstances, could degrade the end-to-
end VoLTE Quality-of-Experience (OoE).

So, targeting either reactive troubleshooting in such situation, or proactive actions 
during network installation and commissioning, we propose testing through the layers 
(“bottom-up”, “top-down”, or “middle split”) by applying the test procedures proposed 
here.
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With this regard, let us recall that, in addition to the Transmission Control Protocol 
(TCP) retransmissions, in LTE protocol stack, there are two more retransmitting layers: 
the Physical/Medium Access Control (PHY/MAC) and the Radio Link Control (RLC), 
which may impose additional delay onto their data frames, and thus onto Internet Proto-
col (IP) and, finally, Real-Time transport Protocol (RTP) packets, which, further on, may 
degrade the end-to-end Quality-of-Experience (QoE), especially when voice is transmit-
ted over LTE [2].

Accordingly, as the LTE protocol stack PHY and MAC layers are both with a num-
ber of variable parameters and fairly complex, with deployment of VoLTE in particular, 
providing their services to the network and transport layers through cross-layer design 
and management, has got new challenges in the everlasting goal to achieve high service 
throughput and low delay [3].

More specifically, as the LTE PHY/MAC layer Incremental Redundancy (IR) Hybrid 
Automatic Repeat-reQuest (HARQ) protocol and the RLC layer Automatic Repeat-
reQuest (ARQ) protocol, adopted in LTE, may create sudden delay ramping when 
retransmissions occur, the question arising here is whether this significantly and domi-
nantly contributes to the overall RTP packet delay and so degrades the end-to-end voice 
perceptual QoE?

With this regard, there have been numerous mathematical models and simulation 
studies [3–5] addressing the VoLTE QoS and perceptual QoE, but in the following, we 
propose a practical means for testing real-life VoLTE traffic, which we set up in our labo-
ratory, and present some preliminary results that we obtained this way.

In Section II, the packet-level QoS and the end-to-end perceptual QoE of the legacy 
VoIP is considered, whereas in Section III, the VoLTE protocol stack is reviewed with 
accent on added delay by PHY/MAC IR-HARQ and RLC ARQ procedures. The test 
tools and preliminary results are presented in Section IV, while conclusions are drawn 
in Section V.

2 � Methods
VoIP QoS enhancements have led to IP telephony, whose QoS has approached the one 
of legacy circuit-switched networks. This has made VoIP integrated in all-IP packet-
switched state-of-the-art networks, according to the protocol stack presented in Fig. 1 
[6].

As it can be seen, the utmost sensitive signaling information is transported via the 
connection-oriented TCP, so any corrupted TCP segment must be corrected by the 
TCP retransmission mechanism. However, the voice service itself that is less sensitive to 
transmission errors, but (as real-time) very sensitive to delay, is handled by the connec-
tionless User Datagram Protocol (UDP), which introduces far lesser processing time at 
the transmission layer than TCP does.

2.1 � IP/RTP packet‑level QoS

VoIP transmission adds substantial delay to a signal that traverses the network. Specifi-
cally, the end-to-end one-way delay below 100 ms can be perceptible, whereas one-way 
values already above 150 ms are annoying. The problem is, however, that due to various 
influencing factors such as terminal/phone voice signal processing in codecs, queuing, 
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switching/routing, receive jitter buffering, transmit packetization, number of hops, etc. 
[7], the cumulative VoIP delay can easily exceed 200 ms [8], Fig.  2, so it is difficult to 
achieve the preferred mouth-to-ear delay maximal value of 150 ms [9].

Moreover, not only is the IP packet delay important, but also the delay variation, which 
is commonly referred to as jitter that significantly deteriorates the QoS and the QoE, as 
it propagates upwards the protocol stack and finally ends up with abrupt RTP PDU jitter 
increase, Fig. 3, which can turn itself into major degradation of perceptual speech quality 
observed as the end-to-end QoE [1].

On the other hand, the IP packet loss, too (and the consequent RTP packet loss) can 
cause much harm to voice quality, Fig. 4.

Moreover, in case of IP packets carrying signaling information and thus being trans-
ported via TCP, the packet loss will cause TCP segments’ retransmissions, which will 
delay the connection establishment and postpone the voice transport, i.e. incur addi-
tional delay.

Therefore, although signaling delay is not directly a part of the voice delay budget (that 
is of primary concern here), without reliable transport of signaling information, even 
instant transmission of voice service is of no value. That is why, let us consider some 
common TCP/IP troubleshooting issues as it follows:

The retransmissions can be qualified as excessive with respect to certain long-term-
observations based thresholds, such as e.g. 3 TCP retransmissions out of a total of 5, 

Fig. 1  VoIP protocol stack [6]

Fig.2  VoIP personal annoyance by end-to-end (“mouth-to-ear”) signal delay
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6, or 7 transmitted segments. Accordingly, the TCP excessive retransmissions per-
centage can be calculated and reported by a protocol analyzer.

With this regard, troubleshooting requires several things to be checked, such as:

whether the network has a drop in performance that prevents positive acknowl-
edgements (ACK) from responding in time, so that TCP timeouts occur, or
whether it is always the client sending the retransmissions because of overdue 
ACKs, pinpointing to the server being overloaded by supporting too many ses-
sions, or
whether it is always the server sending the retransmissions, so it might be required 
to check if the client’s cache memory is set to the optimal size, or

Fig. 3  IP/RTP packet delay variation [1]

Fig. 4  IP/RTP packet loss [1]
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whether the network has devices with slow performance or the devices are unable to 
gain access to the network, e.g. Ethernet, because of high network utilization, so it 
might be useful to check if a bridge/switch, or a router is discarding frames, or
whether the standard IP reassembly timeout (in case of fragmentation at the IP layer) 
is set too low, implying too slow network response, or
whether noise in the physical media is excessive to cause TCP retransmissions, or
whether the IP packets with low time-to-live (TTL) appear, indicating that the des-
tination address is not receiving the segments before they time out and, because of 
this, is requesting retransmissions, so pointing to the need to check the sending sta-
tion’s network parameters configuration. (The TCP connection setup packets may 
not be reaching the server because of low TTL, or a connection can be slowed due 
to dropped packets caused by low TTL which consequently cause retransmissions). 
TTL in IP can also incorporate actual latency of a router, but this is routing-protocol-
dependent (i.e. RIP, OSPF, etc.), and complies to the routing protocol definition of 
details on its use of TTL.

So, having summarized some TCP/IP concerns affecting the call setup time, we pro-
ceed in the media plane.

Accordingly, the RTP-coded voice is handled by the connectionless UDP protocol that 
makes no error control at the transport layer (and so introduces less latency), as speech 
intelligibility is not so vulnerable with regard to sporadic corrupted signal sections, 
whereas the delay remains dominant impairment.

Based on statistical properties of speech signal—namely, its quasi-stationarity within 
about 20 ms on average, equal RTP voice packet duration is adopted [6].

2.2 � End‑to‑end VoIP perceptual quality

The end-to-end speech quality is not simply related to the IP/RTP QoS. In fact, the 
speech quality constituents are, namely, clarity (correlation of the information that can 
be extracted out of a conversation versus the information sent), echo (reflection of the 
transmitted signal from the far end with enough strength to be perceptible to a human), 
and delay, Fig. 5.

Fig. 5  Speech quality factors
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2.3 � (Vo)LTE QoS

Let us consider the VoLTE transmission with the LTE downlink protocol stack in time 
domain, Fig. 6.

The frame lasts 10 ms, consisting of 1-ms-long subframes, each containing a transport 
block (TB) encapsulating the MAC PDU (and additional padding bits), which carries the 
RLC PDU containing the Packet Data Convergence Protocol (PDCP) PDU that finally 
encapsulates the IP packet—all the way up at the network layer.

The IR-HARQ protocol is implemented at both MAC and PHY layers, where the 
former performs error recovery management and signalling, while the latter executes 
it. (For this purpose, each TB is complemented by its Cyclic Redundancy Check 
(CRC) addendum and thus becomes a code-block.) Consequently, the IR-HARQ pro-
cedure sends negative acknowledgement (NACK) for each code-block with failed 
CRC, thus initiating the PHY layer to retransmit the code-block with more redun-
dancy, while also preserving the previous (failed) code-block(s) to be combined with 
the current one, and then subject to CRC algorithm again. The process goes on until 
an errorless code-block is identified by CRC, initiating MAC layer to send ACK.

Specifically, with the IR-HARQ algorithm, the first transmission comes with high 
code rate, while the following ones contain gradually increasing redundancy (parity) 
bits at the expense of systematic ones, so that, in the LTE downlink, up to 4 code-
word redundancy versions (rv0 to rv3) with increasing coding gains at the receiver 
can be sent, enabling throughput adaptation to channel conditions, Fig. 7 [9].

Moreover, for each TB, there is another retransmission mechanism—ARQ at the 
RLC layer, taking over the error recovery process if the complete HARQ procedure 
fails (i.e. if even after rv3 the transmission remains erroneous).

Fig. 6  LTE downlink protocol stack [2]
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So, back to Fig. 6, we summarize that, in addition to TCP retransmissions, with the 
LTE protocol stack, there are two more (possibly) retransmitting layers—PHY/MAC 
and RLC, whose respective IR HARQ and ARQ processes may create sudden ramp-
ing of the IP/RTP packet delay when retransmissions occur, with the final outcome of 
degrading perceptual speech quality.

Now recall that out of the overall end-to-end delay budget for high-quality voice 
transfer presumed in LTE [2], reduced by the core network allowance, up to 50  ms 
is left to tolerable air interface delay comprising MAC buffering/scheduling and 
detection. So, e.g. in downlink, the eNodeB transmits data whereas the UE responds 
(with ACK or NACK) after 4 ms. Then it takes another 4 ms for the eNodeB (having 
received the ACK or NACK), to send a new transmission or re-transmission. Thereby, 
with LTE Frequency Division Duplex (FDD), this allows the HARQ round trip time 
(RTT) of 8 ms for a single code-block transmission, and theoretically up to 6 HARQ 
transmissions for a VoIP packet [2].

On the other hand, the main VoIP quality criterion for LTE [2] is that an outage 
is identified and counted if more than 2% of the packets are not received within the 
delay budget, when monitored over the whole call.

With this regard, it is the task in practice to find out whether and to what extent the 
lower-layer impairments contribute to the overall packet delay and end-to-end voice 
QoE.

In the following, we propose a practical means for testing real-life VoLTE traffic, 
and present some preliminary results that we have achieved so far in this way.

Fig. 7  BLER versus SNR for MCS index 6, AWGN channel, 25 RBs HARQ rv = 0, 1, 2, 3 [7]
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3 � Discussion and results
We intended to run our tests under live VoLTE network conditions, collecting and 
analyzing the real-life data. However, it is not always possible to get enough char-
acteristic traffic for testing the target edge performance conditions. So, our inten-
tion is to “enhance” the real-time traffic with this regard by operating the monitoring 
test equipment in “data through” connection mode, which can enable adding various 
impairments such as delay, jitter and loss (or missinsertion) to the packets outgoing 
from the selected network interface, and thus enable stress-testing of the network or 
its particular components etc. [2, 7, 10].

Moreover, even with such modifications, it is not possible to accomplish some tests 
with statistically significant results as coming out of enough samples, so under such 
circumstances, software emulation tools are used as well, such as the one emulating 
the UE, presented in Fig. 8.

Legacy protocol analyzers decode PDUs and provide statistical analysis for various 
wireline and wireless protocols. So, for example, the screen shot in Fig.  9 presents 
summary decodes for the observed PDU series, with a selected detailed decode (of 
SIP PDU in this example) also displayed in hexadecimal and ASCII forms.

Fig. 8  Test system

Fig. 9  Protocol analyzer decodes screenshot
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However, in accordance with our testing goal of focusing the LTE protocol stack—
the MAC-layer and the RLC-layer PDUs in particular, mere protocol decodes of indi-
vidual retransmitted IR HARQ code-block redundancy versions rv1, rv2 and rv3, as 
well as of the ARQ NACKs, will not be of much value, so we used them in the proto-
col analyzer statistical analysis as trigger events to count uplink (UL) and downlink 
(DL) retransmissions ULReTX and DLReTX for MAC-HARQ, and negative acknowl-
edgements UL-NACKs and DL-NACKs for RLC-ARQ.

The exemplar screenshots for the MAC-LTE and the RLC-LTE statistics of retransmis-
sions are shown in Figs. 10 and 11 (the mid and the most right columns), respectively.

Such test results can be used to provide the time-variant statistics of retransmissions, 
so that its impact upwards the VoLTE protocol stack can be identified and traced.

Fig. 10  Protocol analyzer MAC-LTE statistics screenshot

Fig. 11  Protocol analyzer RLC-LTE statistics screenshot
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In paralel with the HARQ-retransmissions-triggered statistics and decodes, we track 
the statistical analysis of mutually time-correlated RTP packets jitter and loss, Fig. 12.

Accordingly, from the example in Fig. 12, it is evident that the packet jitter produces 
no significant simultaneous packet loss in this case, so some randomly scattered 
packet loss bursts (definitely not desired for some applications) that were detected, do 
not seem to be related to packet delay variations, but to other impairments that may 
have occurred and manifest themselves at various layers of the protocol stack.

Furthermore, it is of interest here to present the histogram of packet jitter values, 
which approximates the jitter probability distribution, and thus helps in identification of 
dominant jitter accumulation values.

Accordingly, as coming out of the example related to Fig. 13, the presented RTP jitter 
does not seem to be uniformly distributed within the occupied range, but accumulates at 
its certain values, whose detection and isolation is important in the system design, spe-
cifically with regard to VoLTE delay budget limitation.

This implies the need to test the hypothesis that the RTP jitter probability distribution 
follows a specific model, such as the uniform or the normal one.

Furthermore, the task to follow is checking how the IP/RTP delay variations influence 
the end-to-end QoE. So, the application-layer average delay is measured either directly, 
Fig. 14, or assessed indirectly from the measured impulse response, Fig. 15.

In the first case, the end-to-end normalized time-correlation between the transmit-
ted test sequence and its replica coming back via the channel under test from the loop-
backed receiver, is measured out-of-service with 1 ms resolution [1], and the time delay 
conforming to its maximal value is considered to be the average delay, Fig. 14. To get 
accurate results this way, it is important that the test sequence lasts at least three times 
the expected average delay that is to be measured.

Fig. 12  RTP packet jitter and loss
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In the second case, as presented in Fig. 15, the amplitude peak of the measured chan-
nel impulse response conforms to maximal energy transfer that occurs at the channel 
group delay, which is actually the average delay of interest here.

Fig. 13  Histogram of RTP packets jitter and loss

Fig. 14  Objective voice delay test results
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Moreover, as any VoIP uses adaptive jitter buffers, measured delay values may vary in 
time. Therefore, a series of measurements needs to be done, and average value found and 
adopted. (Averaging is also useful in case of considerable channel noise.)

Concretely, in Figs. 14 and 15, we can see that the mean delay value, measured in the 
range between 20 and 150 ms, is 57.5 ms, which is significantly larger than the corre-
sponding IP/RTP jitter accumulation value of slightly above 31 ms identified in Fig. 13. 
Consequently, it comes out that, in this exemplar case, the IP packet delay is significantly 
influencing the perceptual one, but other sources of additional delay exist as well.

This implies that the IP/RTP QoS analysis does not solely determine the end-to-end 
QoE, i.e. how well does the speech actually “sound”, as poor RTP QoS for sure leads to 
poor end-to-end voice quality (VQ), but it is not certain that satisfactory RTP QoS test 
values will necessarily provide alike VQ ones. Therefore, we need to involve another 
level of correlation with the HARQ/RLC retransmissions, i.e. make the end-to-end VQ 
testing.

Generally, Mean Opinion Score (MOS) is the traditional metric for evaluation of voice 
quality in any voice network. However, as it is a subjective method, for quite a while, the 
objective ones have been in use as well. Specifically, we tested clarity using the VoLTE—
recommended and ITU-T Rec. P.862 based Perceptual Evaluation of Speech Quality 
(PESQ) method, providing raw scores in the range − 0.5 to 4.5, and being linearly related 
to MOS. Apparently, in Fig. 16, the frame-by-frame disturbance values, correlated with 
input and output signal graphs, are graphically presented to show quality variances and 
momentary impairments.

Moreover, the 2-D Error surface shows magnitude of audible errors in the output sig-
nal, for both added distortion and subtractive distortion, Fig. 17.

Fig. 15  Average delay from impulse response measurement
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Fig. 16  Clarity test results

Fig. 17  2-D Error surface clarity test results
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Finally, in the following, we will deal with the main goal of the presented practical test 
setup, which is to find out to what extent does the earlier identified (by means of the rv-
based protocol analysis triggers) HARQ rv1–rv3 retransmissions worsen the end-to-end 
application-layer QoE, through the consequent additional RTP packet delay/jitter that 
they introduce?

3.1 � Test setup

At first, following the LTE-recommended maximal IP/RTP delay of 50  ms, we intro-
duced this large average delay with variable jitter of up to 30 ms applied to the IP/RTP 
voice carrying traffic packets.

Then, on top of that, we kept simulating up to three HARQ retransmissions by accord-
ingly modifying the traffic generator, and tracked how was this reflected at the QoE 
level—the VQ clarity, in particular. (As at this time we made just the preliminary tests, 
these could easy be extended to include testing the delay at both IP/RTP and VQ level.)

3.2 � Statistical analysis

The collected HARQ RTT data are continuous, while the QoE raw clarity scores can be 
regarded as ordinal data, measured and expressed according to the usual 5-point Likert 
scale: Excellent; Good; Fair; Poor; Bad [11].

So, we need to investigate whether there is a relationship between the QoE and the 
average HARQ RTT. However, common parametric tests are not any good choice for 
statistical analysis of ordinal data that we were to conduct here [1], so we used the 
nonparametric Spearman rank-order correlation test to find the correlation coeffi-
cient (ρ) that is a good measure of strength and direction of the relationship between 
the continuous and the ordinal random variables.

So, considering the QoE and HARQ RTT as being represented by paired observa-
tions, our preliminary investigation revealed monotonic relationship between them. 
The null and the alternative hypotheses are as it follows, respectively:

H0: There is no association between the QoE and HARQ RTT.
H1: There is an association between the QoE and HARQ RTT.

The significance of a test result is articulated with the p-value; the smaller it is, the 
more significant is the result. With this respect, the comparison reference that is 
commonly referred to as significance (α), is in fact the probability of the "false posi-
tive" decision about null hypothesis rejection when it should be accepted [12]. So e.g., 
if the null hypothesis is rejected (p < α found), then smaller α value implies stronger 
evidence that the finding is statistically significant [12]. In our analysis, we adopted a 
moderate value of α = 1%.

Furthermore, having found whether and to what extent (excessive) HARQ retrans-
missions incur notable QoE degradation, let us now investigate the correlation 
between delay variations of HARQ and RTP PDUs.

With this regard, as the Kolmogorov–Smirnov (K–S) test depends neither on par-
ticular statistics nor on sizes of the observed samples [12], we applied it to check 
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whether the measured RTP jitter values (modeled as the random variable ξ with the 
continuous cumulative distribution functions (cdf ) Fξ (x) ), presented in Fig.  13, are 
associated with the average HARQ RTT values, modeled as the random variable η 
with the continuous cdf Gη(y) , due to frequent retransmissions at PHY/MAC layers.

Accordingly, the null hypothesis is [12]:

If we observe the random variables ξ and η , represented by m and n mutually inde-
pendent finite samples ξ1, ξ2, . . . , ξm and η1, η2, . . . , ηn , exhibiting the empirical con-
tinuous cdfs F̂mξ (x) and Ĝnη(y) , respectively, then the according two-sample K–S 
statistics [12]:

provides a reliable nonparametric criterion for identifying and qualifying the similarity 
between the samples, by testing if Dm,n converges to zero.

Accordingly, we recall here the Kolmogorov limit distribution theorem, stating that 
[12]:

where Kζ(z) is the Kolmogorov cdf.
For the particular argument value z = zα, which makes Kζ(z) equal to the complement 

1-α of the significance α:

the null-hypothesis (1) should be rejected under condition that:

whereas, in the opposite case, the null-hypothesis (1) is to be accepted with significance 
α.

Finally, if the estimated p-value is such that:

then the null hypothesis should be rejected with significance α, otherwise, the decision 
should be opposite.

3.3 � Preliminary test results

Our preliminary tests revealed that direct relationship exists between the PESQ voice 
quality rating, the IP/RTP packet latency, and the Block Error Rate (BLER) of the 
received MAC/RLC frames.
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Specifically, In Table 1, the values of the Spearman correlation coefficient between the 
end-to-end user PESQ QoE score and the average HARQ RTT (including retransmitted 
rvs as well), are presented for particular BLER and p-values.

As it can be seen above, when the actual BLER value exceeds the optimal one of 10% 
for LTE HARQ [2], the correlation coefficient gets significantly different from zero with 
small enough p-value (lesser than α = 0.1) meaning that the null hypothesis can be 
rejected, i.e. that there is an association between the QoE and the HARQ RTT values.

This can be explained by increasing the HARQ RTT with more repetitive retransmis-
sions (due to the larger BLER), where the residual erroneous code-blocks conform to the 
case when all 4 code-word redundancy versions were transferred unsuccessfully, with as 
few as just 0.1% NACKs erroneously transferred back as ACKs.

On the other hand, as from Table 1 no significant impact of HARQ RTT onto voice 
QoE, i.e. PESQ rating, is evident for the lower BLER values, this can be explained by 
fewer erroneous code-blocks, i.e. less time-consuming repetitive retransmissions to 
make excessive delay that is harmful for the VQ QoE.

This practically implies that only up to 2 HARQ retransmissions are appropriate dur-
ing any voice packet, otherwise it might be impossible to “smooth out” the delay accu-
mulation by jitter/playback buffers along the propagation path. Essentially, this can be 
seen in Fig. 7, as the HARQ rv1 coding gain (graphically, horizontal displacement) with 
respect to rv0 is dominant among the other 3 rv gains, meaning that in majority of cases, 
only one retransmission is quite enough to preserve the projected optimal BLER value of 
10%.

This is good enough for voice, too, while providing no considerable QoE-harming 
delay. (Had smaller BLER be required, it would have requested more redundancy—par-
ity bits, whereas allowing higher BLER would have led to excessive retransmissions, also 
reducing the throughput.)

Thereby, following a single retransmission, the post-HARQ BLER equals 10% times 
10%, which is just 1%, so that the percentage of error-free voice RTP packets reaches 
satisfactory level of 99%. Consequently, as the LTE RLC protocol layer’s ARQ mecha-
nism is usually left to retransmit just 1% of failed-HARQ data code-blocks, in case of 
VoLTE, it can be practically neglected. Moreover, as we already elaborated that the final 
HARQ retransmission (rv3) increases the overall delay in VoLTE, it is even more so with 
the very final code-word retransmission by RLC ARQ. Fortunately, as the HARQ cod-
ing gain is mostly assigned to the first 2 retransmissions, this implies that rv3 occurs 
very rarely, so the final (post-HARQ) retransmission to be done at the RLC layer, is even 
much less probable. This practically removes RLC ARQ as considerable threat to VoLTE 
latency.

Table 1  Correlation PESQ versus HARQ RTT​

Spearman ρ PESQ versus HARQ RTT​ p value BLER H0

 − 0.514 0.034 0.2 Rejected

 − 0.328 0.087 0.15 Rejected

 − 0.107 0.109 0.1 Accepted

 − 0.040 0.232 0.05 Accepted
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Furthermore, having found that only really excessive HARQ retransmissions incur 
notable QoE degradation, we applied the K-S test to check to what extent is the meas-
ured RTP delay variation in consistence with the average HARQ RTT due to frequent 
retransmissions at PHY/MAC layers.

So, the results of practical testing of association between the HARQ RTT and RTP 
delay values are presented in Table 2.

As it can be seen, for the BLER values above the ideal figure of 10%, the null hypothesis 
is accepted, as practically it came out that the cdfs of the HARQ RTT and RTP delay are 
mutually much alike, whereas in the opposite case of BLER < 10%, the p-values are larger 
than the adopted value for α, meaning that the association does not hold any more.

This implies that, under the condition of BLER > 10%, the IP/RTP delay and its varia-
tions are predominantly determined by the HARQ RTT delay.

4 � Conclusions
We proposed and demonstrated a VoLTE QoS and QoE test procedure based on PHY/
MAC/RLC/IP/TCP-UDP/RTP cross-layer protocol analysis specifically focusing PHY/
MAC IR-HARQ and RLC ARQ induced delay, with regard to perceptual speech quality 
measurements reflecting the end-to-end QoE.

The nonparametric Spearman’s rank-order correlation test identified monotonic 
relationship between the paired observations: QoE and HARQ RTT, i.e. between 
the PESQ voice quality rating and the IP/RTP packet latency, for given BLER of the 
received MAC/RLC code-blocks.

As most of IR-HARQ coding gain is achieved between the redundancy versions rv0 
and rv1, then often even a single retransmission enables practically error-free code-
block transfer, which imposes just a little additional delay burden within the allowed 
budget, and so exhibits no practical impact on the end-user QoE (expressed as PESQ 
in this case). Finally, it comes out that up to 2 HARQ retransmissions are appropriate 
during any voice packet, otherwise it might not be possible to “smooth out” the delay 
accumulation by jitter/playback buffers along the propagation path.

Moreover, having found that only really excessive HARQ retransmissions incur 
notable end-to-end QoE degradation, by applying the Kolmogorov–Smirnov tests, we 
identified strong association between the RTP jitter values and the average HARQ 
RTT, specifically for non-optimal (higher) BLER values.

Table 2  Correlation PESQ versus HARQ RTT​

H0 : Fξ (x) = Gη(y) p-value BLER H0

0.142 0.2 Accepted

0.111 0.15 Accepted

0.089 0.1 Rejected

0.022 0.05 rejected
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This preliminary work is aimed to present and partly verify how this concept can 
be used for integral QoS and QoE assessment during installation, commissioning and 
maintenance of VoLTE networks, and so pave the way to according R&D and field 
tests taking into account design and deployment issues as well, and using sophisti-
cated hardware and industry-standard software tools.
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