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Abstract—The Internet Protocol (IP) Multimedia Subsystem
(IMS) is a framework for delivering all-IP-based services. Voice
via IMS has been defined as a possible solution from Third-
Generation Partnership Project (3GPP) Release 5, prior to long-
term evolution (LTE). However, the cost and immediate need for
IMS services prevented operators from migration to IMS-based
services, particularly with the wide presence of circuit-switched
(CS) services offered in Global System for Mobile Communica-
tions (GSM) and Universal Mobile Telecommunications System
(UMTS) networks. CS fallback (CSFB), which was introduced
in 3GPP Release 8, enables the support of voice service without
IMS. This is the common deployed scenario for many exiting LTE
networks. Voice over LTE (VoLTE) is compulsory to offer rich
communication services (RCS) via IMS, in addition to improving
the performance of the already deployed CSFB voice solution.
However, CSFB and VoLTE are still deployed concurrently, where
operators can gradually roll out an LTE/IMS system, while still
supporting 2G/3G fallback mechanism. It is, therefore, important
to benchmark the performance of both solutions, highlight the
deployment challenges, and study the impacts on the end-user
experience. This paper provides performance analysis, deploy-
ment challenges, and comparisons between these voice solutions.
This paper presents practical performance analysis, including
end-to-end assessment of call setup delay under different radio
conditions, main challenges impacting the in-call performance, as
well as performance aspects of Single Radio Voice Call Continuity
(SRVCC) and its evolution releases.

Index Terms—Circuit-switched fallback (CSFB), enhanced
SRVCC (eSRVCC), Evolved Universal Terrestrial Access Network
(E-UTRAN), Internet Protocol (IP) Multimedia Subsystem (IMS),
long-term evolution (LTE), Single Radio Voice Call Continuity
(SRVCC), UMTS, voice over IP (VoIP), voice over LTE (VoLTE).

I. INTRODUCTION

THE INTERNET Protocol (IP) Multimedia Subsystem
(IMS) is an all-IP system designed to assist mobile op-

erators deliver next-generation interactive and interoperable
services, cost effectively, and over an architecture providing the
flexibility of the Internet [1], [2]. Although IMS was initiated
in the Third-Generation Partnership Project (3GPP) since early
releases (Release 5), it has yet to be widely implemented. The
main reason is the use of the well-established 2G/3G circuit-
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switched (CS) networks offering voice and other CS services.
Network operators need to invest to deploy a complete IMS-
based network consisting of multiple core network elements.
An IMS client also needs to be incorporated on the user
equipment (UE) to interact with the network. Various key
telephony functions should be supported with the IMS core
network and IMS client on the UE to ensure satisfactory cus-
tomer telephony experience. Therefore, the IMS deployment
requires major investment from operators, network vendors,
and device manufacturers. Both the long-term evolution (LTE)
device and the network need to support various features across
the LTE protocol stack to ensure satisfactory voice over LTE
(VoLTE) performance. Some features are also need to ensure
optimum LTE system capacity for large numbers of VoLTE
users. Moreover, Single Radio Voice Call Continuity (SRVCC)
provides an interim solution for handing over VoLTE call to
legacy 2G/3G networks.

On the other hand, circuit-switched fallback (CSFB) to 2G/3G
networks has been widely deployed as an interim voice solution
within the deployed LTE packet-switched (PS) networks. As
soon as the UE originates or receives a voice call, the eNodeB
(eNB) will redirect the UE to Universal Mobile Telecommu-
nications System (UMTS) or Global System for Mobile Com-
munications (GSM) network, depending on the configuration
and underlying coverage [3]. Therefore, the CSFB architecture
requires interworking between the evolved packet core (EPC)
and the 2G/3G CS core network. Specifically, it requires the
SGi interface between the mobility management entity (MME)
in the EPC and the mobile switching center (MSC) in the 2G/3G
CS core network [4]. The requirements to minimize the number
of interfaces between the core networks, as well as reusing the
air interface of the existing 3G/2G for the voice calls, have
accelerated the CSFB deployment, and therefore, it has been
adopted as the first choice for voice with LTE. However, with
the rapid spread of LTE deployment worldwide, there is a need
for a framework that enables subscribers to access a range
of multimedia services without fallback to the legacy 2G/3G
systems. There is also a growing motivation to compete with
over-the-top (OTT) voice-over-IP (VoIP) services, which have
fragmented the value-added services using cross platforms and
technologies. This also restricted the capability for the mobile
operators to provide only access and dump pipe, while OTT
services are indirectly being subsidized.

Voice is a real-time service with tight delay requirements;
thus, it requires a robust underlying radio network to ensure
an optimal user experience. VoLTE requires end-to-end quality
of service (QoS) to be supported at all layers from the device
through the radio network up to the core network and including
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interaction with the IMS core. This is needed to ensure robust
signaling performance and optimal voice quality in the presence
of other data traffic (particularly in loaded scenarios). These
factors add strict requirements to the LTE network for enabling
VoLTE as a voice solution to the end user [3]. 3GPP has adopted
GSMA IR.92 IMS profile for voice and SMS [5] and GSMA
IR.94 IMS profile for conversational video [6] to provide high-
quality IMS-based telephony services over LTE radio access.
The profiles define optimal sets of existing 3GPP-specified
functionalities that all industry stakeholders, including network
vendors, service providers, and handset manufacturers, can use
to offer compatible LTE voice/video solutions.

The performance of CSFB, VoLTE, and SRVCC are key
elements to guarantee good voice experience within the LTE
network [7]–[11], particularly that a mix of VoLTE and CSFB
devices can coexist in the same LTE network. The CSFB
performance based on redirection has been analyzed in [8] for
3GPP Release 8 and Release 9 and compared with UMTS.
The analysis in [8] shows that, on average, mobile-terminated
(MT) or mobile-originated (MO) call setup delay for CSFB
from LTE to UMTS is around 1 s greater than legacy UMTS
CS calls. A delayed-return approach was proposed in [9] to
minimize the effect of CSFB by 60%, by which the UE is kept
in UMTS without returning to LTE if there is no active data
session. A limited access transfer algorithm that reduces the
number of ping-pong between LTE and UMTS in an SRVCC
call is proposed in [10], by which the large access transfer traffic
delay can be improved. VoLTE in call performance has been
evaluated in commercial networks, in terms of audio quality
and call reliability, in [11].

The focus of this study is the call setup delay for CSFB
and VoLTE and SRVCC performance, in terms of voice inter-
ruption. The contribution in this paper is in three folds. First,
the CSFB call flow and relevant call setup key performance
indicators (KPIs) are established and analyzed in detail for
the redirection and PS handover strategies. The call setup
KPIs for different strategies (basic Release-9 redirection, en-
hanced Release-9 redirection, and PS handover with/without
gap measurements) are evaluated along with the associated
performance and challenges. The second contribution is the
analysis of the VoLTE call setup delay in a comparative manner
with CSFB. The relevant VoLTE KPIs are established and
analyzed at different scenarios, including near-cell, far-cell, and
mobility conditions. The third contribution is the analysis of
the enhanced SRVCC (eSRVCC) performance and its relevant
KPIs, while being compared to delays associated with LTE
intrafrequency handover. All analyses in this paper are based
on commercial LTE/HSPA+ networks. The best practices and
optimization techniques for CSFB, VoLTE, and eSRVCC are
provided based on live network performance and the targeted
end-user experience. In this paper, we use the terms LTE and
Evolved Universal Terrestrial Access Network (E-UTRAN),
interchangeably, as well as UMTS and Universal Terrestrial
Access Network (UTRAN).

The remainder of this paper is organized as follows. The
call flows and call setup delay KPIs for CSFB and VoLTE are
described and established in Sections II and III, respectively.
eSRVCC and its deployment aspects are analyzed in Section IV.

TABLE I
CSFB DEPLOYMENT STRATEGIES

Performance analyses of CSFB, VoLTE, and eSRVCC are
provided in Section V. The conclusions are summarized in
Section VI.

II. CIRCUIT-SWITCHED FALLBACK CALL FLOW AND

RELEVANT KEY PERFORMANCE INDICATORS

Various methods are specified in 3GPP to handle CSFB
from LTE to UMTS once a voice call is initiated [3], [7],
[12]. The CSFB to UTRAN can be executed by two methods.
The first method is “Redirection” based, in which upon an
initiation of a voice call, the E-UTRAN radio resource control
(RRC) layer releases the UE from LTE and redirects it by the
same message to the other radio access technology (RAT) to
handle the voice call, while the PS data session is interrupted
until the data session is reinitiated on the target RAT. The
second method is “PS Handover” based, where a PS handover
from E-UTRAN to the target RAT (UTRAN in this paper) is
initiated by the eNB to handle the voice call, while the PS data
session can partially remain uninterrupted until the handover
is completed. Both mechanisms are applicable for MT or MO
calls, while the UE is in RRC idle or connected mode. There
are a number of improvements and flavors in the “Redirection”
mechanism targeting enhanced voice call setup delay and PS
interruption time [12]. The most common CSFB mechanisms
are summarized in Table I. Each type is typically deployed
based on the network and device capabilities. Several methods
can be deployed together to address device capabilities.

Fig. 1 illustrates the call signaling flow for two CSFB mech-
anisms, i.e., RRC redirection and PS handover [3]. For CSFB
with RRC redirection, the call is initiated, and the UE sends an
extended service request (ESR). The redirection method works
by releasing the RRC connection, while the UE is camped on
an LTE cell. The RRC release message indicates the specific
frequency and RAT information for the UE to be redirected
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Fig. 1. MO CSFB from E-UTRAN connected mode to UTRAN.

after the release. The device can then search for any cell on the
redirection frequency and RAT, acquires the targeted RAT and
frequency, and then initiates a normal CS call setup procedure.

Step 8 in Fig. 1 indicates the concept of CSFB redirection
occurrence as part of the RRC connection release in LTE.
CSFB redirection is typically performed with no prior inter-
RAT (IRAT) measurements on the targeted system. Therefore,
steps 4–7 are optional. Initiating a CSFB call with or without
IRAT measurements depends on the deployment strategy. The
measurement-based redirection may help in achieving load
sharing between multiple 3G frequency carriers during the
CSFB procedure. However, achieving this kind of load sharing
at a cell level within the same 3G frequency carrier is subject
to the CSFB mechanism. Release-8 redirection is restricted to
deliver the UE to the targeted frequency of the RAT (not the
cell), whereas Release 9 provides the flexibility to indicate both
cell and frequency carrier information. Hence, load sharing at
the cell level cannot be achieved with Release 8, even if the UE
is able to measure and report the best cell within one carrier.
This limits the use case of deploying a measurement-based
Release-8 CSFB redirection strategy.

For Release-8 CSFB, the UE performs a full search to acquire
any cell on the redirected RAT [e.g., if the redirection to UMTS,
the UE will search the full 512 primarily scrambling codes
(PSCs) on the redirected frequency]. After the RRC release
message is received, the UE directly moves to UMTS idle mode
and reads the system information blocks (SIBs), as shown in
step 11. The SIBs are continuously broadcasted by the cell,
allowing the UE to know the initial configurations of the cell’s
parameters. Compared to UMTS-only CS calls, the entire SIB
reading prior to call setup is not required, as the UE would have
previously decoded them when initially camped on the cell.
Therefore, the main challenge of the redirection method is the
call setup delay due to SIB reading. To overcome this burden,
deferred measurement control reading (DMCR) is introduced.
This feature allows the UE to skip reading nonmandatory SIBs
(such as SIBs 11/12/19, or any of their extensions) during
the CS call setup. Therefore, the UE will read the mandatory
SIBs, such as 1, 3, 5, and 7 in step 11. This further reduces
the delays coming from reading all of the SIBs. However, for
DMCR to work efficiently, the UE needs to read SIB 3, to
understand whether the DMCR is supported in the cell or not.
Therefore, SIB scheduling optimization in a deployed network
is still required, where the UMTS radio network controller

TABLE II
KPIS IMPACTING CSFB CALL SETUP LATENCY

(RNC) shall ensure that SIB 3 is scheduled to the UE as soon as
possible. On the other side, UMTS SIB tunneling is introduced
during the redirection process from LTE to UMTS [12]. In this
mechanism, a list of PSCs is defined in the LTE RRC release
message, with a container that includes the associated SIBs for
each cell.

The second mechanism is the CSFB with PS handover, which
is denoted as PSHO and shown also in Fig. 1. In the PSHO
procedure, the target cell is prepared before the fallback to
UTRAN is triggered. The device can camp on the target cell
directly in UTRAN connected mode (i.e., Cell_DCH). During
the execution of the handover procedure, the eNB typically
configures the UE to perform IRAT measurements within a
specified gap duration (i.e., a tune-away mechanism for the
UE to measure another RAT while camped on LTE, which is
specified by a gap repetition every 40 or 80 ms and a duration
of 6 ms). Alternatively, the PSHO can be triggered blindly
where a neighbor relation is defined between the UTRAN and
E-UTRAN systems. The PSHO is helpful for the CSFB strategy
when the PS data session is active. In this case, the PS radio
bearer is established earlier during the handover procedure,
which helps to minimize the PS data interruption time during
the transition to the other RAT, i.e., a benefit that can be visible
over the redirection case.

The CSFB call setup latency can be derived from the time
from when the ESR message is sent until the ALERTING mes-
sage is received. This applies for any kind of CSFB, whether
being a redirection or PSHO. Additionally, the CSFB call setup
delay is further categorized into several KPIs to measure the
factors that contribute to the call setup delay. Table II illustrates
these KPIs and calculation methodologies.

III. VOICE OVER LONG-TERM EVOLUTION CALL FLOW

AND RELEVANT KEY PERFORMANCE INDICATORS

One of the significant changes introduced in LTE is that,
when the mobile device connects to the network, it also im-
plicitly gets an IP address, which is known as the evolved



ELNASHAR et al.: PRACTICAL PERFORMANCE ANALYSES OF CSFB AND VOLTE 1751

Fig. 2. EPS bearers during VoLTE call and at call end.

packet system (EPS) default radio bearer (DRB). With the
default EPS bearer activation, the packet call is established at
the same time when the UE attaches to EPS, i.e., always on.
Although, the default DRB is enough for the downlink (DL) and
uplink (UL) data transfer in an EPS network, it comes with no
guaranteed QoS. For real-time applications such as voice, QoS
is needed particularly on the air interface. To exploit the service
differentiation, LTE has also introduced another EPS bearer
known as “Dedicated EPS Data Bearer,” which is initiated for
any additional data radio bearer. To guarantee the voice quality,
the IP voice traffic needs to be carried over guaranteed bit rate
(GBR) bearers with QoS class identifier (QCI = 1). The default
bearer is a non-GBR bearer (i.e., with QCI = 9) and is used for
the best effort PS traffic [3]. The network resources associated
with the VoLTE voice GBR bearer must be allocated, when this
bearer is established, and can be released once the voice call
is ended. Additionally, another bearer is needed to ensure that
the IMS signaling part is transmitted with a different QoS. As
a VoLTE call is initiated on a different access point name, then
the IMS signaling shall be mapped into a different QCI. The
common configuration to transport the IMS signaling uses a
default EPS bearer with QCI = 5.

For a VoLTE-capable device, the UE shall be configured with
the proper EPS bearers to transport LTE signaling and data,
IMS signaling, and media traffic. The LTE signaling messages
are mapped to the preallocated signaling radio bearers (SRBs).
Therefore, a VoLTE-capable UE must support the following:
SRB1 + SRB2 + 4 × AM (Acknowledge Mode) DRB + 1 ×
UM (Unacknowledged Mode) DRB [5], [13]. Fig. 2 illustrates
an example of the configurations and mapping for each EPS
bearer during a VoLTE call across different LTE layers. The
DRBs can be further mapped into layer-3 radio link control
(RLC) as AM or UM modes. The eNB links the choice of the
RLC mode to a certain QCI to maintain the desired QoS. The
RLC AM mode ensures an in-sequence delivery of the packets
subject to delay sensitivity (such as the PS data and LTE/IMS
signaling), whereas the RLC UM mode provides a reduction
in processing time and overhead, which is suitable for VoLTE
media packets.

Session initiation protocol (SIP) is utilized in IMS to manage
all aspects of a session, including creation, modification, and
termination. The UE and the network act as client and server
using a standard set of requests, which is answered by a
standard set of responses. The IMS in client and server must

Fig. 3. VoLTE to VoLTE call setup flow with QoS-aware devices, precondi-
tions enabled, and network-initiated QoS.

support the SIP precondition framework, as specified in [5].
Through an exchange of messages, both the originator and the
terminator devices are aware of any preconditions associated
with a specific session and their current status. The session
description protocol (SDP) is utilized within the SIP message to
enable the characteristics of a session and the associated media
to be specified. SDP is referred to as an offer/answer model, in
which the client proposes a set of characteristics to which the
server responds. There is no guarantee that the answer contains
the same characteristics as the offer.

To initiate a VoLTE call, as illustrated in Fig. 3, the UE
sends a SIP INVITE with SDP information. The SDP infor-
mation carries the media QoS requirement for the audio and its
source transport address. The source of the transport address
information for the IMS signaling bearer can be determined
from the SIP INVITE. The terminating UE responds with a SIP
100 TRYING, acknowledging that the SIP INVITE is received
successfully. Now, the MT UE sends the 183 Session Progress
message that includes the SDP answer [to indicate the selected
codec, i.e., a set of wideband or narrowband adaptive multirate
(AMR)]. The IMS server then triggers the setup of a dedicated
bearer to carry the voice call payload for both MO and MT UEs.
The MO UE sends a provisional acknowledgement to the MT
UE via the IMS core network to confirm that codec selection
is completed. Once the establishment of the media dedicated
bearer for the originating UE is complete, it sends a SIP Update
to the terminating UE, to indicate that resource reservation
has been also completed. Upon reception of the SIP Update,
the terminating UE generates a user alert and responds with a
200-OK (for the SIP Update message). The terminating UE
then sends a 180 Ringing SIP message to the originating UE,
which triggers a ring-back tone to the originator. The terminat-
ing UE then sends a 200-OK for the original SIP INVITE, and
after this point, the voice call path can be considered as fully
established.

The VoLTE call setup delay can be estimated from SIP
INVITE to SIP 180 Ringing messages. It is important to mea-
sure the perceived delay after the user answers the call. This
is because the VoLTE call can experience an inactivity stage
that triggers RRC state transition to idle while the call is being
setup (VoLTE is a data session). Hence, we add the additional
delay from when SIP 200-OK is sent until the user receives
the first DL packet. Table III illustrates the VoLTE-related KPIs
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TABLE III
KPIS IMPACTING VOLTE CALL SETUP LATENCY

Fig. 4. SRVCC standard evolution in 3GPP.

and their methods of calculations. The main reason to include
the first DL packet after call setup is to check a unique issue
in VoLTE that is not there in CSFB or legacy CS calls. The
VoLTE SIP messages are all IP, and hence, the eNB does not
sniff the actual SIP message content. Therefore, if the MT party
takes a long time to answer the call, then the MO can go to idle
mode due to the expiry of user-inactivity timer (i.e., no more
data activity that moves the UE from connected to idle mode).

IV. SINGLE RADIO VOICE CALL CONTINUITY

LTE is completely based on the PS domain; therefore, the
voice services are provided using a VoIP platform such as IMS.
Most of the LTE introduction strategy is based on gradual ex-
pansion based on traffic load and capacity forecast. Therefore,
if LTE coverage is not available, a handover is necessary to
2G/3G CS networks to maintain the voice call. This entails
a handover of a PS-based VoIP call to a CS-based voice call
in a 2G/3G network. 3GPP introduced the SRVCC feature
to support seamless handovers between PS VoIP calls and
CS voice calls [14]. SRVCC combines optimized handovers
defined between LTE and legacy 2G/3G networks, and voice
call continuity is defined in the IMS core network [15]. SRVCC
requires the UE to support the ability to transmit and receive
on two networks (PS and CS based) simultaneously. SRVCC
went through different stages in the standard to reduce the voice
interruption time that impacts the user experience, as well as
improving the call setup success rate at different stages of the
VoLTE call. As illustrated in Fig. 4, 3GPP has started with
the support of SRVCC in Release 8/9 and then enhanced the

mechanism to support eSRVCC in Release 10 [16]. The main
target of the eSRVCC is to reduce the voice interruption during
the intertechnology handover. eSRVCC targets an interruption
of < 300 ms. Most of the LTE networks will introduce VoLTE
over Release-10 devices only to offer better user experience
using eSRVCC. This is controlled from a provisioning and
handset perspective. Therefore, in this analysis, we will assess
the eSRVCC only.

Moreover, an important SRVCC feature to allow PS to CS
SRVCC access transfer of a call in the alerting phase, which
is referred to as aSRVCC, is introduced [17]. As illustrated
in Fig. 3, aSRVCC refers to a SIP session for which existing
dialogs created by the SIP INVITE request initiating the session
are early dialogs and the final SIP response is not received yet
while SIP 180 (Ringing) response has already been received
in existing early dialogs [16]. In addition, the SRVCC proce-
dure for both video calls (vSRVCC) and the reverse SRVCC
from UTRAN/GSM EDGE Radio Access Network (GERAN)
systems to E-UTRAN system (rSRVCC) are introduced in
Release 11, as indicated in Fig. 4.

Release 10 specifies support for PS to CS SRVCC access
transfer of a call in the alerting phase [16]. However, this
release has not provided the support for PS to CS SRVCC
access transfer of a call in the pre-alerting phase [e.g., after the
SRVCC UE has received a SIP 183 (Session Progress) response
containing the SDP answer and before the SIP 180 (Ringing)
response has been received]. If the UE receives early media or
announcements from the network in the pre-alerting phase, the
network will not perform SRVCC of the IMS session in the
pre-alerting phase, and this will impact the user experience. To
address this case, PS to CS SRVCC of originating call in the
pre-alerting phase has been specified in Release 12 [17], [18],
which is referred to as bSRVCC, as illustrated in Fig. 4.

In this paper, we will analyze the eSRVCC. The main idea of
eSRVCC scheme is to anchor a VoIP call (media session) on an
IMS network element, which is near the local end, so that only
the branch of the anchor point to the local end needs to be mod-
ified, without the need for modifications on the remote end, and
thus can shorten the handover delay during the session transfer.
To support eSRVCC, two new IMS entities are introduced
to the anchor media session: access transfer control function
and access transfer gateway (ATGW). Adopting the ATGW
avoids the path switching between the LTE and 2G/3G media
gateways for the terminating UE, when the IMS originating UE
is transferring the IMS VoLTE call from PS to CS. From an
LTE signaling point of view, the eSRVCC works similar to the
PSHO call flow described in Fig. 1. The PSHO steps from 4 to
14 in Fig. 1 apply in the same manner on the eSRVCC call flow
during the handover from LTE to UMTS while the VoLTE call
is active.

V. PERFORMANCE ANALYSIS

In this paper, the CSFB and VoLTE performance are assessed
in terms of two perspectives as follows:

1) Call setup performance
The focus is on the MO side, where the user can

perceive the main delays from the call establishment.
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Therefore, mobile-to-mobile (M2M) calls, either CSFB
to CSFB or VoLTE to VoLTE, are assessed in this paper.
The M2M call test case is chosen to provide an end-to-end
call setup delay that closely matches the user’s experience
with high-end smartphones.

2) VoLTE in-call mobility performance when LTE coverage
degrades and a VoIP call is active

CSFB in-call performance assessment is not discussed
in this paper because the voice call falls back to UMTS
and the performance afterward becomes similar to that in
legacy UMTS-only voice calls.

The data are processed from field measurements with a large
sample size (i.e., 100 CSFB/VoLTE calls for each scenario), and
results were averaged over two different LTE access networks
from two different suppliers and two smartphones. The perfor-
mance testing is conducted in collocated (i.e., same physical
sites) LTE/HSPA+ commercial networks. The LTE is deployed
with 1800 MHz (20-MHz channel) and UMTS with 2100 MHz
(2 × 5 MHz). The different CSFB scenarios listed in Table I are
tested in the same exact cluster after modifying the scenarios’
relevant parameters (i.e., change is done in the RNC for 3G-
related parameters and in eNB for LTE-related parameters such
as SIB tunneling). The VoLTE testing is conducted in the same
cluster with the same device supporting all CSFB strategies
and VoLTE (Release-10 device). The KPIs are derived from the
device side through postprocessing scripts of the collected logs.

A. CSFB Performance Analysis

Several challenges are typically raised when CSFB is de-
ployed in a network: a) CSFB call setup delay; b) CSFB setup
success rate; c) data packet delay during the fallback; d) how
fast to camp back on LTE after voice call is released. The third
factor is of slightly less importance because the smartphone
user receiving or making a CS call is expected not to pay
attention to the data session being partially interrupted in the
background during the fallback process. The fourth factor is
typically driven by the deployment strategy in the network;
either camp back on LTE using cell reselection procedure or
network-based fast return to LTE. In this paper, we benchmark
the first and fourth factors, and we discuss the aspects related to
improving the third factor.

As shown from the CSFB call flow in Fig. 1, the process of
CSFB can take different stages, where each contributes expo-
nentially to the call setup delay. Unlike the call setup performed
in UMTS-only calls, the fallback mechanism requires steps that
are adding extra delays to the call setup. Therefore, it is quite
challenging to ensure the same user experience between CSFB
and legacy CS voice calls. Fig. 5 provides the average along
with median, 90th, and 10th percentiles for CSFB KPIs defined
in Table II for the different scenarios defined in Table I.

Fig. 5 demonstrates that the fourth scenario (S4) (i.e., PSHO
without measurements) experiences the lowest call setup delay.
The redirection with SIB tunneling scenario (S3) is ranked
number 2 after S4. It is also noted that the performance of the
PSHO with measurement scenario (S5) is worst than the S4
scenario. The PSHO without measurements scenario performs
the best in call setup delay due to factors, such as the UE does

Fig. 5. CSFB call setup delay performance in mobility: MO side.

not decode the SIBs, as well as notable reductions in non-
access stratum (NAS) end-to-end signaling between UE and
core network when establishing the CS call setup. The UE is
not required to decode the SIBs because the UE directly enters
the 3G dedicated channel in connected mode (Cell_DCH state)
and, hence, the cell parameters can be later conveyed to the
UE through the dedicated RRC messages. The NAS end-to-end
delay in PSHO is generally lower than other scenarios because
the UE is assigned the PS data bearer in the handover message
itself, and this reduces the delay of establishing the PS bearer
afterward. The time observed between ESR and handover
command in S5 is higher than the blind redirection/handover
cases. This is related to the need of configuring the UE with
3G neighbors and IRAT measurements prior to the handover
preparation by the eNB, which is not required in the blind
redirection/handover scenarios. In all cases, the average time
to tune to UTRAN after the redirection or PSHO command is
about ∼45 ms.

Nevertheless, the blind PSHO mechanism can impact the
call setup stability and, accordingly, the CSFB call setup suc-
cess rate. Specifically, call setup failures can happen in a fast
changing RF environment or if the neighbor cell targeted for a
blind handover is loaded [i.e., low EcNo ≤ −18 dB with good
received signal code power (RSCP) ≥ −90 dBm]. Therefore, if
this strategy is adopted, a careful optimization of the neighbor
relation is needed, particularly that LTE and UMTS are typi-
cally deployed in different bands (such as LTE1800 MHz and
UMTS2100 MHz). This may lead to different RF propagation
characteristics at the cell edge. In this scenario, a neighbor
relation becomes harder to maintain when the reference signal
received power (RSRP) of LTE1800 at the cell edge is better
than the collocated UMTS2100 RSCP [3], [19].

On the other hand, the redirection with SIB tunneling (S3)
reduces the call setup delay because the SIBs are broadcasted
to the UE through the RRC connection release. As soon as the
UE goes into 3G idle mode, it acquires the SIBs directly from
the RRC message, and hence, the UE would only need to search
for the suitable cell/frequency indicated by the RRC release
message and then performs the cell selection procedure. The
same concern about call stability needs to be considered here.
Similar to PSHO without measurements, the SIB tunneling
CSFB works in a way where multiple neighbors (cell ID and
carrier frequency) must be defined in the RRC release message.
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Once the UE falls down to 3G idle mode on the specified carrier,
the UE would select the best cell, from its own search, and
then see if the best cell was part of the neighbors list in RRC
redirection to skip those SIBs. If the best cell is not among this
list, then the UE is required to read all of the SIBs and proceed
with the CSFB call setup. Hence, if the neighbor relation is
not carefully optimized, the SIB tunneling mechanism may
potentially produce similar call setup delays similar to Release
CSFB strategies [3].

The redirection procedure with basic functions (S1) performs
the worst because the UE decodes all of the mandatory SIBs.
However, the same strategy with an enhanced SIB scheduling
(S2) improves the SIB decoding stage. This is because the
SIB periodicities of those mandatory SIBs (i.e., SIB 1, SIB 3,
SIB 5, and SIB 7) are scheduled with lower intervals. In this
scenario, the SIB periodicity of SIB 3 is reduced from 1280 to
160 ms, and SIB 1/5 periods from 640 to 320 ms, while keeping
SIB 7 as 160 ms. As a result, the UE would quickly acquire
those SIBs and then moves directly to the RRC connection
setup stage. The S1 and S2 scenarios can be more stable in
terms of CSFB success rate (compared to S3, S4, and S5)
because the UE would typically select the best cell out of the ex-
plored 512 scrambling codes, when the specific cell is not
defined for the UE within the RRC release message (only the
frequency carrier is specified).

The PSHO with measurements (S5) in this study was exer-
cised with three preconfigured UMTS frequency carriers with a
total of 32 UMTS neighbors on each carrier. This effectively
means that the device needs to measure all neighbor cells
before reporting the measurement values to the eNB as part of
even B1 evaluation (i.e., IRAT neighbor becomes better than
a configurable threshold). This adds a significant delay to the
stage between the ESR and the handover to 3G command. In
average, each carrier with 32 neighbors would require ∼600 ms
to complete the measurement phase and then start the evalu-
ation of event B1 to update the eNB about the measured 3G
cell signal level that assists in triggering the handover to the
strongest cell. With a number of 3G neighbors ≤ 10, the UE
can complete the measurements within ∼300 ms while camped
on LTE. Therefore, if PSHO with measurement strategy (S5)
is chosen for CSFB deployment, it is essential to optimize
the neighbor list and the number of frequency carriers to be
measured within the LTE gap. This strategy impacts not only
on the CSFB setup delay but also the VoLTE eSRVCC delay,
which is discussed later here. The eSRVCC follows a similar
mechanism to PSHO with measurements. Therefore, applying
an optimum optimization on the neighbor list and speeding up
the measurements can improve the CSFB setup latency and the
VoLTE eSRVCC mechanisms.

Once the CSFB call is terminated, it is important to measure
how fast the UE camp back on the LTE system. Several methods
can be utilized to camp back on LTE after CSFB call release:
1) using cell reselection mechanism or 2) using fast return to
LTE. The cell reselection alone does not guarantee the fast
returning to LTE. This is because the UE may not directly move
to idle/paging channel (Cell_PCH) states where the reselection
can be initiated. Therefore, the fast return to LTE (FRTL) allows
the RNC to redirect the UE from UMTS to LTE after CSFB

TABLE IV
CAMPING ON LTE AFTER CSFB CALL RELEASE

call is released. In this mechanism, the RNC sends the RRC
connection release message with the redirection information to
the LTE network. The FRTL can be deployed with measure-
ments or as a blind redirection. The most common mechanism
deployed now is the blind redirection due to implementation
simplicity.

Table IV illustrates the time delay from when CSFB call is
released until the UE successfully camps back on LTE. The
delays shown in the table are estimated with the three common
methods described earlier. These methods apply to any CSFB,
regardless of which strategy is used (redirection or PSHO).
The delays in this table are calculated starting from when the
UE releases the CSFB call until the tracking area update is
completed between the UE and the EPC.

The results in Table IV indicate that the fast-return method
with blind redirection provides a faster way to camp back
on LTE, which positively improves the end-user experience.
The fast return with measurements experiences higher delay
to camp back on LTE because the UE would need sufficient
time to measure the LTE cells during the 3G compressed mode
before reporting the best cell to trigger a redirection to LTE.
The drawback of using the blind redirection to LTE is that the
UE may remain unreachable if it tries to camp on the LTE
network while the LTE coverage is weak. However, this can
be handled if the fast return is triggered by the RNC, where
there is a neighbor relation with the current serving UMTS cell.
Additionally, there are some protection mechanisms defined in
[20] that allow the UE to camp back on UMTS within a certain
timer if no suitable cells are found on LTE.

To conclude the observations here, the choice of a specific
CSFB deployment strategy is vital. While each strategy has
its own pros and cons, a mix of strategies is considered as a
recommended option. We should consider that since not all
devices support PSHO. Therefore, the CSFB with redirection
shall still be considered as an option. When this strategy is
deployed, it is preferred to follow the implementation of re-
ducing SIB periodicity. Even in networks with a majority of
PSHO-based devices, a mix between redirection and PSHO
is still needed. This is typically needed in the case when the
CSFB call is triggered without PS activity. In this scenario, it
is important to segregate the usage of PSHO from redirection,
depending on whether the PS data are active or not (i.e., can
be simply indicated if CSFB initiated from idle or connected
mode). This is to avoid establishing the PS radio access bearer
(RAB) unnecessarily, once falling back to UMTS when PS data
are not present. This implementation would allow a more stable
call setup and in-call performance by avoiding a 3G multi-RAB
call (simultaneous CS+PS), which reduces the footprint of CS
coverage. Additionally, the redirection can also be used as an
exceptional handling of anomalies to the PSHO fallback. In
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Fig. 6. VoLTE call setup delay performance: MO side.

this scenario, the UE can be notified to do a redirection, if
the PSHO is not triggered. More specifically, if the UE does
not report a suitable UMTS cell during the gap measurements
within a specified duration, the eNB can then autonomously
redirect the UE to a predefined RAT and RF frequency. Once
this timer is expired and there is no cell reported by the UE
(i.e., due to the lack of 3G coverage for example), the eNB
can trigger a redirection procedure to another RAT (e.g., GSM).
This, however, means an additional delay incurred by the user
that is bounded by this timer threshold.

B. VoLTE Performance Analysis

As discussed in the VoLTE call flow in Fig. 3, the VoLTE call
setup experiences different stages, where each stage contributes
to the call setup latency. Since the VoLTE call will remain on
the LTE network, it is important to asses the call setup under
different radio conditions. Three scenarios are considered to
analyze the VoLTE call setup delay: near-cell stationary, far-
cell stationary, and mobility scenario. The near-cell condition
is performed with the RSRP of around −70 dBm (SINR = 22),
and the far cell is conducted at the RSRP of around −110 dBm
(SINR = 8). The mobility test is conducted in the same cluster
of CSFB and with a typically loaded commercial LTE network,
where average RSRP = −81 dBm and average SINR = 18.

Fig. 6 summarizes the average call setup delay KPIs for
VoLTE call setup in different RF conditions using the KPIs
explained in Table III, with focus on VoLTE to VoLTE call
setup. The data are calculated from field measurements with
a large sample size (i.e., 100 calls for each RF scenario).
Compared to the CSFB strategy, the call setup delay for VoLTE
calls is lower than CSFB under all RF condition scenarios. This
is expected since the VoLTE call setup is conducted within the
same radio access network and there is no need to fall back to
UMTS at the call setup stage. Additionally, the signaling speed
in LTE on the radio interface is faster than that in 3G and with
fewer signaling messages needed to establish the call.

In the far-cell stationary and the mobility scenarios, the call
setup delays are mainly observed when the MT side misses
the paging message. The maximum observed VoLTE call setup
delay when the MT misses the first paging attempt is 11.5 s.
If the MT is in LTE idle mode and the MO side initiates a
call, the EPC pages the MT for an incoming call. If the MT
misses the first page due to RF conditions as in far-cell or

mobility scenarios, the MO perceives a higher setup delay at
the stage V1, as defined in Table III. Typically, the MO will not
be assigned the dedicated bearer with QCI = 1 unless the MT
starts establishing the call and sends SIP: 183 Session Progress.
Based on the paging repetition timer in the core network and
the idle discontinuous reception (DRX) cycle length [21], the
repaging may impose an additional time that contributes to the
total call setup delay. The repaging mechanism and the interval
between each paging attempt are important for reducing this
delay. Since the VoLTE call is treated as a PS call, the network
parameters typically need to relax the repaging mechanism to
save the paging resources. This is beneficial for the paging
dimensioning of PS call; however, it can increase the VoLTE
call setup delay, as explained. Therefore, The retuning of the
paging mechanism is recommended to ensure a good VoLTE
call setup delay in the weak RF conditions. In LTE network
with VoLTE support, the repaging mechanism can be increased
to three repaging attempts with an interval of 3–4 s between
each attempt.

Another factor that impacts the call setup delays is the effect
of the inactivity timer settings [21]. The inactivity timer controls
how long the UE is allowed to remain in LTE connected mode
without any data activity. If data activity becomes inactive
within this timer, the eNB requests the UE to move to idle mode
to save resources and to reduce the device battery consumption.
This timer is typically chosen to be 5–10 s in data-centric LTE
network deployment, i.e., only data with voice via CSFB. Once
VoLTE is deployed, the setting of this timer impacts the overall
VoLTE call setup delay. The inactivity timer setting can lead
to higher call setup delays that are perceived by both the MT
and MO sides. During a VoLTE call initiation, the inactivity
timer can kick in if there is no SIP activity for the duration of
this timer. For example, if the MT takes few extra seconds to
establish the VoLTE call (i.e., call not immediately answered
by the MT user), no SIP response is sent to the IMS to be
forwarded to the MO. As a result, the MO would not detect any
data activity, and accordingly, the eNB moves the MO into idle
mode while the call is being established. Once the SIP response
becomes available, the EPC pages the MO device again as it is
in idle mode. Therefore, moving the MO to idle mode during
the SIP inactivity period leads to extra paging to transmit SIP
responses and establish the VoLTE call setup. Moreover, there is
a risk that the MO can miss the paging message, if it is in weak
RF condition, which can also cause call setup failures. This is a
drawback that needs to be addressed by the industry as the MO
should remain active while the VoLTE call is being established.
A workaround solution may be implemented from the UE side,
but it is preferred to have a consistent feature from 3GPP.

We observed an average of 1.3 s of an extra VoLTE call
setup delay due to the impact of the inactivity timer. Therefore,
we can enable the connected-state DRX (C-DRX) feature and
increase the inactivity timer. This feature allows the UE to stay
in LTE connected mode for a longer period and, at the same
time, improves the device battery consumption without the need
to push the UE directly to idle mode for a short period of data
inactivity [21]. Nonetheless, retuning the C-DRX parameters
is required for VoLTE services to avoid additional interpacket
delay and increasing jitters. Table V provides the recommended
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TABLE V
DRX PARAMETERS FOR VOLTE AND PS DATA

C-DRX parameters for VoLTE services (QCI = 1) and PS data
services (QCI = 9) [21]. The C-DRX parameters for QCI = 9
remain the same as in [21], where a practical methodology to
estimate the optimum C-DRX parameters that extend the bat-
tery life with slightly higher packet latencies was presented. On
the other hand, the VoLTE C-DRX parameters recommended
in Table V are estimated to reduce the latencies and there-
fore improve VoIP audio performance. A detailed analysis for
C-DRX parameter tuning for PS services can be found in [21].
A similar practical procedure is exploited to obtain the optimum
C-DRX parameters for VoLTE services with QCI = 1.

As indicated in Table V, the C-DRX mechanism for VoLTE
is deployed with a long DRX cycle of 40 ms, which is ap-
propriate for the VoLTE voice coder (vocoder) packets that
are typically generated over an interval of 20 ms. During talk
spurts, the incoming VoIP audio frames are typically placed in
buffer (dejitter buffer) and then processed by the IMS stack,
ensuring a minimum perceived delay to the end user (i.e.,
mouth-to-ear delay). Although the vocoder packets flow every
20 ms, a long DRX cycle of 40 ms is still suitable to the end-to-
end audio delay, where two packets can be bundled over 40 ms
and processed in the same sequence without impacting the end-
user experience. Both PS data and VoLTE C-DRX parameter
settings are configured to coexist in the same eNB. More specif-
ically, if the ongoing call is data-only (only QCI = 9 service is
activated), then the C-DRX parameters for this service can be
sent by the eNB to the UE. Once the VoLTE call is initiated
with QCI = 1, the C-DRX parameters for this service are resent
to the UE through the RRC messages. The process to switch
between different C-DRX parameters is dynamic and adopted
by 3GPP [22]. Typically, there are multiple active bearers, and
the C-DRX parameters related to the QCI with highest priority
(QCI = 1 in this case) are selected and sent to the UE.

The last experiment is performed to benchmark the VoLTE-
to-3G and 3G-to-3G call setup latencies and to compare them
with the VoLTE to VoLTE demonstrated in Fig. 6. Testing
devices are located in the same location during the testing, and
call setup delays are calculated at different RSRP/RSCP values
from near cell (i.e.,−80 dB) to edge of coverage (i.e.,−120 dB).
As shown in Fig. 7, the VoLTE-to-3G call setup latency is
higher than that in VoLTE to VoLTE, even under the near-cell
condition, but better than CSFB call setup delay. The VoLTE-

Fig. 7. Call setup delay performance for VoLTE-to-3G and 3G-to-3G calls:
MO side.

to-3G call can experience higher delays due to the CS part of
the call. In general, the VoLTE-to-VoLTE and the VoLTE-to-
3G calls, as shown in Figs. 6 and 7, respectively, confirm the
VoLTE introduction added value, in terms of better call setup
delay, particularly when compared with the 3G-to-3G voice
calls at different RF conditions. It is interesting to see that
the call setup delay starts to increase significantly when RSRP
decreases beyond −110 dBm. Therefore, it is recommended
to design the link budget for VoLTE services to be within the
RSRP of −110 dB to ensure minimum call setup performance.

C. eSRVCC Performance Analysis

To benchmark the overall eSRVCC performance, we start
first with evaluating the voice interruption during LTE intrafre-
quency handover. The LTE intrafrequency handover occurs
when the VoLTE UE is moving between different cells within
the same network inside the LTE coverage area. This is calcu-
lated from the last DL/UL voice packet received on the source
LTE cell to the first DL/UL voice packet received on the target
LTE cell. This KPI is calculated for LTE cells deployed with X2
interface [3]. The eSRVCC voice interruption time is calculated
from the last DL/UL voice packet received on the source LTE
cell to the first DL/UL voice packet received on the target
UTRAN cell. On the other side, we evaluate the impact of
the signaling delay on the overall voice packet latency. The
signaling delay in LTE intrafrequency handover is calculated
from the handover command received by the UE (i.e., RRC
Reconfiguration Message) until the UE sends the handover
complete (i.e., RRC Reconfiguration Complete Message). The
eSRVCC signaling delay is derived from the handover com-
mand (i.e., Mobility From EUTRA Command) until the hand-
over complete sent by the UE. Fig. 8 illustrates the UL/DL
voice interruption and signaling delay in mobility conditions
for both eSRVCC to UTRAN and LTE intrafrequency handover
for two different operators. The results are obtained from field
testing with voice activity of 100%. To accurately measure the
interruption time, we generated 100% real-time protocol (RTP)
packets, where each RTP packet corresponds to a 20-ms voice
frame. Therefore, we have connected the testing device with a
source of voice loopback to generate UL and DL RTP packets
continuously. By this setup, we will ensure that the measured
interruption is accurate. Otherwise, the measured values may be
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Fig. 8. eSRVCC and LTE intrafrequency voice interruption time.

inaccurate with a typical voice activity factor of ∼50%. In this
scenario and during the intrafrequency handover or eSRVCC,
the voice interruption delays may include silent indicators (that
are generated every 160 ms). The target is to see if the voice
interruption during eSRVCC (IRAT handover) is within the
3GPP requirements (i.e., 300 ms), as well as to compare it with
voice interruption during LTE intrafrequency handovers. As
shown in Fig. 8, it is obvious that the eSRVCC experiences
higher voice interruption and signaling delay than the LTE
intrafrequency handover case. This is due to the change in radio
access and the extra requirements of the routing of the voice
packets within different core networks. However, it is observed
that the voice interruption fits within the expected 300-ms delay
[16] for both operators. The accepted voice interruption of
300-ms range is within the mouth-to-ear delay, indicating an
overall user satisfaction with the conversational quality.

eSRVCC requires the same level of optimizations discussed
in PSHO CSFB to improve its performance. Reducing the
time needed to measure 3G cells in LTE can improve the
conversational quality, as it will expedite the handover while
the LTE coverage is degrading. However, the major concern
becomes the reliability of the eSRVCC handover. Considering
a quick handover to 3G improves the time to leave a degrading
LTE coverage quickly, but it must also ensure that the 3G
cell quality is acceptable to proceed with the voice call until
another handover occurs in 3G. This requires careful handover
optimizations at both ends: in LTE prior to the handover and in
3G after the handover.

We can observe a difference in the eSRVCC performance be-
tween the two operators in Fig. 8, while the LTE intrafrequency
handover is very much similar. Operator 2 experiences higher
signaling delay (still within acceptable range) but better voice
interruption on UL and DL. This indicates that the network
can be optimized from the EPS network side (MME to eNB
to UE) to handle signaling delays, but still, the IMS is a key
factor to voice interruption on the media side (not signaling
only impacts the interruption time). From the signaling side,
operator 1 is optimized to trigger inter-RAT handover with less
delays (better parameters and less delays between MME and
eNB). The IMS in operator 2 seems to be more optimized in
the delays related to PS–CS path switching, compared with
that in operator 1, although the EPS side of operator 1 is
more optimized compared to that of operator 2. Therefore, it
is important to handle and optimize the voice interruption from
an EPS and IMS prospective.

It has been observed from field testing that, if the 3G network
maps an SRB over the HSPA channel during the handover,
the measurement control message can be delivered to the UE
as quickly as within 500 ms, allowing the addition of another
strong 3G cell sooner. However, when the SRB is mapped into
Release-99 DCH channels, the SRB rate is typically lower,
such as 3.4 or 13.6 kb/s. The low SRB rate leads to a slower
delivery of the 3G intrafrequency neighbor list to the UE and
can cause radio link failure in 3G right after the eSRVCC.
We measured the time taken from the eSRVCC complete (i.e.,
handover complete sent by UE) to the first measurement control
message carrying the 3G neighbor to be within ∼2 s, with SRB
mapped to DCH. This delay can impact the overall eSRVCC
success rate and reduce the reliability of such intersystem hand-
overs. Therefore, we need to retune fundamental 3G handover
reporting and operations to secure better eSRVCC performance
for VoLTE calls. The tuning and optimization of eSRVCC is one
of the major challenges to deploy a successful VoLTE service.

Similar challenges can also occur in the case of call setup.
As discussed before, the SRVCC can occur at the alerting
or pre-alerting phase of the VoLTE call. The main issue of
initiating SRVCC during VoLTE call setup is that the eNB is
not aware of the session phase status, i.e., alerting, pre-alerting,
or post-alerting. The eNB determines that a UE is running a
voice service, if the eNB detects a service with the QCI = 1
running on the UE. As QCI = 1 is typically established before
the 180 Ringing, then the eNB can instruct the UE to do IRAT
measurements and triggers SRVCC while the call setup has not
been completed.

Since the IMS and MSC may not support the aSRVCC or
bSRVCC procedures, the call setup will fail in this scenario.
The failure symptom is that the MSC cannot proceed with the
SRVCC at alerting or pre-alerting phase and, hence, would send
a “Disconnect” message to the UE, as soon as it falls back to
3G or 2G system after the SRVCC is completed. There are two
problematic scenarios in SRVCC during VoLTE call setup (at
alerting or pre-alerting phase): 1) The UE supports any of these
two features (a/bSRVCC), but the IMS does not support any of
them; 2) the IMS supports any of these features, but the UE does
not support any of them. In both scenarios, SIP messages are
transparent to the eNB, and hence, it cannot delay the SRVCC
procedure if either UE or IMS does not support a/bSRVCC. So-
lutions are not yet widely available in EPS for these scenarios,
and hence, it is important to validate these scenarios in early
stages of VoLTE deployment. The situation becomes worst with
the mix of devices in the network since both of these features
are introduced in two different 3GPP releases. One workaround
by delaying the SRVCC procedure after QCI = 1 is established
for a fixed duration of time. However, this can lead to call drops,
instead of call setup failure, if the LTE signal degrades quickly
after the call setup and SRVCC has yet to be initiated based on
this fixed timer solution. Another workaround by considering
the MSC detects that the a/bSRVCC are not supported and
the procedure cannot be completed, and hence, the MSC can
request to cancel the SRVCC procedure itself and avoid further
failures until the call has been successfully established. Finally,
parameter optimization can be done to relax the SRVCC trigger,
but the tradeoff can hit the VoLTE in-call performance, where
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more call drops can occur with relaxed SRVCC parameters.
Therefore, adjusting SRVCC thresholds can be done in a smart
way to accommodate both cases that greatly impact the VoLTE
KPIs: call drops due to delayed SRVCC or call setup failure due
to faster SRVCC.

VI. CONCLUSION

In this paper, we have analyzed the different aspects of
the voice solutions offered by the LTE system, i.e., CSFB,
VoLTE, and SRVCC. All of the presented results are based
on commercial live LTE/HSPA+ networks. The KPIs defined
in this paper are adopted to evaluate the CSFB and VoLTE
call setup delay, and then, several techniques are discussed
to improve the overall call setup delay and voice interruption
during eSRVCC.

The CSFB call flow and relevant call setup KPIs are estab-
lished and evaluated. The call setup KPIs for different scenarios
were analyzed. Based on the detailed field testing and analysis,
the best CSFB method is the blind PSHO, which minimizes
the radio delays to move from LTE to UMTS and reduces the
core network delays to establish the CS call, given that the PS
bearer is activated during the handover itself. The PSHO with
measurements minimizes the core network delays, but it can
potentially increase the air interface delays due to the need
to measure the 3G cells prior to the handover. This paper has
highlighted some key techniques to reduce call setup delay and
improve the PSHO with measurements. Moreover, this paper
provides techniques to improve CSFB call setup delay.

In addition, the VoLTE call setup delay is analyzed in a
similar manner. The relevant VoLTE KPIs are established and
evaluated at different radio conditions, including near-cell, far-
cell, and mobility scenarios. It is demonstrated that VoLTE
provides a better end-user experience, in terms of call setup
delay. The VoLTE call setup delay and success rate can still
be further improved by adopting the techniques discussed in
this paper, including paging repetition, retuning of inactivity
timers, and enabling the C-DRX mechanism with a modified
set of parameters targeting a lower packet latency.

The eSRVCC performance in terms of voice interruption
time during the IRAT handover to UTRAN has been analyzed
and compared to the interruption time of LTE intrafrequency
handover. The eSRVCC voice interruption is worse than the
LTE intrafrequency interruption by ∼200 ms, but this is still
within the accepted range for acceptable audio quality i.e.,
300 ms. This paper provided several techniques to improve the
voice interruption and the handover success rate for the
eSRVCC. Future work includes VoLTE voice quality and in-call
performance, including a detailed evaluation of in-call jitter,
delays, packet loss error rate, and quality with concurrent PS
and VoLTE calls.
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