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VoIP over  DVB-RCS
A Radio Resource and QoS Perspective

Executive Summary

One of the drivers of VoIP over DVB-RCS satellite based IP networks is the requirement for cost-effective
telephony in regions with little or no terrestrial infrastructure. This white paper is motivated by the
successful delivery of the DVB-RCS based Nera SatLink system to Telecom Fiji, providing Internet access
and VoIP services to a large number of remote islands where there were no such infrastructure. The lessons
learned, the results and the remaining issues presented throughout the paper reflect our experiences gained
during the development and deployment of this system.

Demands from users are becoming more complex, indicating that satellite communication networks are
expected to provide a range of services in addition to the plain IP connectivity. VoIP is such a service. VoIP
over terrestrial links has matured, but to implement quality VoIP over satellite raises some specific issues.

The challenge is how to enhance the DVB-RCS system and make a design that enables smooth integration
of voice and data traffic. Which mechanisms are required to have the DVB-RCS networks to balance voice
and data traffic properly – networks that so far have only have transferred data traffic?

This white paper surveys technologies associated with VoIP and analyses their applicability for DVB-RCS
by looking into the effects of radio resource management and QoS mechanisms specifically regarding the
voice quality and the bandwidth efficiency.

We believe that a commercial success of DVB-RCS VoIP is significantly affected by these factors:

- A BoD architecture capable of effective dynamic resource management, thus supporting system
scalability, i.e. accommodate a high number of VoIP users.

- A consistent QoS treating the traffic with different requirements differently and guaranteeing low jitter
and low latency for VoIP traffic.

- Good utilisation of the space segment, as the overhead required for VoIP services over DVB-RCS is not
to be ignored.

The integrated VoIP and data solution deployed in Fiji demonstrates the potential of a DVB-RCS system
with modest enhancements.
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1 Introduction
The factors affecting voice over IP transmission are known and well understood for terrestrial networks.
New concerns arise when VoIP based services are to be offered over geo-stationary satellite links.

The satellite transmission resources are relatively costly. Therefore, the focus on bandwidth efficiency is
imperative. The factors that affect bandwidth efficiency are complex and typically involve operator
decisions and technical factors. In this paper, the focus is on factors that impact directly on the performance
and bandwidth management of the VoIP service. It is described how VoIP support is integrated into Nera
SatLink and how this is successfully used in a system operated by Fiji Telecom.

2 General VoIP Aspects

In order to provide good quality VoIP, several capabilities need to be present:

- satisfactory QoS for VoIP
- satisfactory QoS for VoIP also if mixed with other IP traffic
- sufficient BW to provide the QoS

2.1 QoS requirements
In order to provide satisfactory quality for VoIP the system design must take care of the following:

- Delay and j itter  must be kept low. In order for voice to have good quality, it must be streamed in the
network with minimum jitter and delay. The VoIP quality (the listening quality) is sensitive to jitter. A
common method to combat jitter is to buffer the voice packets, but this will add delay. For the best
result, the lowest possible delay (for conversational quality) should be combined with the smallest
possible jitter (for listening quality).

- Precedence to VoIP packets over  packets with less str ict QoS requirements. If voice were the only
traffic in the network, the previous requirement would be not only necessary but also sufficient.
However, commonly VoIP shares the access bandwidth with other traffic. Thus, in order to achieve
good voice quality, VoIP packets must be given precedence over traffic with less strict QoS
requirements.

- Satisfactory QoS in both directions. Many access systems are asymmetric. VoIP telephony systems
need the same level of QoS in both directions.

2.2 Protocol overhead and bandwidth consumption
The IP4/UDP/RTP headers constitute a large portion of VoIP packets.

A G.711 voice signal has 64 kbps of voice alone so that a 64 kbps satellite link can carry a single voice
signal but no other traffic. Any encapsulation overhead will add to the bandwidth requirement.

A typical VoIP call using G.729 (with 2 voice frames encapsulated per IP packet) will need 24 kbps of
sustained IP bandwidth during the call. Without bandwidth saving features, N concurrent voice channels
would consume N times the bandwidth necessary for one channel. There is potential for significant
improvement. This is discussed in the following sections.
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2.3 Techniques for achieving better BW efficiency
Better utilisation of the BW may be obtained by employing methods such as voice compression,
encapsulating of several voice frames into each VoIP packet, silence suppression and header compression.
Their impact on the bandwidth efficiency is discusses in the following sub-sections.

2.3.1 Voice compression
Voice compression is a key technology to save BW. A G.711 voice signal has 64 kbps of BW so that a 64
kbps satellite link can carry a single voice signal but no other traffic or encapsulation overhead.

Using voice compression voice signals can typically be compressed to 5.5 kbps (G.723) or 8 kbps (G.729).
Compression reduces the overall bandwidth required to support a VoIP call. G729, a popular protocol, uses
24 kbps IP rate per call in each direction when encapsulating 2 voice frames per IP packet. Further savings
can be achieved by encapsulating a higher number of voice frames and silence detection and suppression.

2.3.2 Multiple voice frame encapsulation
The selection of the number of voice samples in a packet is a compromise between bandwidth requirements
and quality. Smaller payloads demand higher bandwidth per channel. If payloads are increased the overall
delay of the system will increase and the system will be more susceptible to the loss of individual packets
by the network. We know of no recommendation concerning voice payload duration, but 2 voice frames per
IP packet has proven to be a good compromise in several systems.
The higher the numbers of voice frames that are encapsulated into a single IP packet, the higher is the
bandwidth efficiency. Figure 1 shows encapsulation of two and four voice frames respectively.

Figure 1. Encapsulation of G.729 voice frames into IP packets.

2.3.3 Silence suppression
Statistical analysis shows that the active period covers approximately 40% of the time, while 60% of the
time consists of a mix of long and short silences. Therefore, silence detection and suppression may reduce
the bit rate of some of the coders and therefore lead to bandwidth gain. This functionality implies better
utilisation.

2.3.4 Header compression
Several compression techniques may improve the BW efficiency, depending on several factors such as the
protocol headers present, the use of encryption, and the type of data being sent. RFC 2508 [1] describes
such a technique. An IP/UDP/RTP amounting to 40 bytes can be compressed to 2-4 bytes. RFC 3095 [2]
describes another compression technique viable for wireless communication.

2.3.5 Multiple call encapsulation
In the case of voice transport, a significant increase in efficiency can be achieved if several voice calls from
a terminal can be multiplexed into a single IP packet. Such multiplexing reduces overhead by increasing the
size of the payload without the penalty when increasing the number of frames for each call. A side effect of
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this multiplexing is that the VoIP is incapable of detecting the silence of one user, unless all users undergo a
silence period simultaneously, which is highly unlikely. Many vendors provide this functionality, for
instance PacketSaver™ offered by Quintum, suited for systems where there are multiple calls between the
same VoIP end-points. Quintum has demonstrated that PacketSaver significantly reduces bandwidth
requirements. Deployments confirm that by simply combining three calls bandwidth usage is reduced by
33%. The problem is that vendors implement proprietary solutions. Probably equipment from the same
vendor will have to be used at both sides of the satellite link in order to benefit from this functionality.

3 Satellite Specific Aspects
The main difficulty in using geo-stationary satellite access is the significant propagation delay. Other
challenges are bandwidth cost, transmission delay and packet loss.

Packet loss is generally not a problem in systems designed for transfer of IP data, as such traffic normally
tolerates less loss than VoIP.

3.1 Propagation delay and transmission delay
Jitter and delay are key factors for the quality of VoIP telephony.

The propagation delay of geo-stationary satellite links sets a lower limit to this delay that makes VoIP
telephony via geo-stationary satellite links somewhat inferior to VoIP via terrestrial links. However, a one-
hop satellite link is still an acceptable link for telephony as this has been in commercial use for many years.

Jitter is a challenge for satellite systems, particularly on the return link where the instantaneous transmission
rate can be relatively low and dynamic TDMA technology can give additional jitter. Also, the need for BW
efficiency additionally limits the average transmission rate and this can increase the jitter in a TDMA
system.

3.2 BW efficiency
Shared bandwidth satellite systems are expected to reduce costs in the transport of VoIP compared to
dedicated bandwidth satellite systems. At the same time it is necessary to provide the same voice quality as
dedicated bandwidth systems do. Thus, we have to work with two conflicting issues: QoS and bandwidth
efficiency.

The trend in the satellite communications is an evolution from static resource allocation towards dynamic
resource allocation. The expected benefit is to reduce the cost of services while maintaining the same
performance, as dynamic allocation provides a better utilisation of the bandwidth. The transmission
capacity assigned to the terminal reflects the actual bandwidth requirement and capacity is not over-
provisioned so that the network capacity is well exploited.

This migration to dynamic allocation may pose some difficulties in the case of some services, such as VoIP
telephony, which have been so far provided based on fixed allocation only. VoIP has usually been
associated with fixed and guaranteed capacity. There is a delay issue connected to the dynamic allocation of
capacity. Since the terminal has to send explicit requests to receive capacity assignments, the response delay
is large due to the intrinsic propagation delay of the satellite link. When the system relies on dynamic
capacity only, the delay is prevalent at the set-up of the first call due to that the connection request has to
wait until the first capacity is allocated to the terminal. Thus there is also an additional delay at the start of
the transmission of the traffic. The voice buffer fills up while waiting for the necessary capacity to hand off
the incoming voice and to drain the buffer.

If the allocation delay is unacceptable a combination of a fixed rate as a minimum capacity and dynamic
capacity on top of this can be used. The advantage of such a combination is that it reduces the call
establishment delay and guarantees that no matter how busy the dynamic part of the network is, at least the
minimum capacity will always be available. However, even a small amount of fixed rate dedicated to each
terminal in the network may not provide a satisfactory BW efficiency.
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3.3 Techniques for achieving better BW efficiency
Several of the techniques for increasing the BW efficiency as described in section 2.3 are also applicable for
geo-stationary satellite networks, with one possible exception. The use of silence suppression can harm the
QoS when it is used in combination with efficient dynamic capacity allocation. The allocation delay can
then affect the voice quality in an interval after each change of speaker.

3.4 DVB-RCS Specific Aspects
DVB-RCS is a shared bandwidth geo-stationary satellite system, specified in [3]. The forward link is a
DVB-S link with traffic to all terminals multiplexed into the same stream. The return link utilises multi-
frequency TDMA. The GW assigns return link capacity to the terminals according to locally governed
policies and according to requests issued by the terminals.

Several categories of capacity assignment are specified. These are:

- Constant Rate Assignment (CRA)
- Assignment of Rate Based Dynamic Capacity (RBDC)
- Assignment of volume based dynamic capacity, Absolute (AVBDC) and relative (VBDC)
- Free Capacity Assignment (FCA)

3.4.1 Constant rate assignment (CRA)
It is possible to allocate a constant rate to each terminal by using CRA. The constant rate level can be
individual for each terminal. The specific characteristics of CRA are subject to the assignment policy of the
GW.

3.4.2 Bandwidth on Demand (BoD)
The terminals request for bandwidth by indicating the RBDC, AVBDC and VBDC categories. The specific
characteristics of the corresponding assignments are subject to the respective assignment policies of the
GW.

3.4.3 BW efficiency
DVB-RCS supports efficient dynamic capacity assignment that can be controlled by capacity requests from
the terminal. This can be combined with fixed rate assignment, if necessary. The vendor of a DVB-RCS
system has the opportunity of incorporating an efficient RRM system based on these possibilities.

3.4.4 Techniques for achieving better BW efficiency
The general description for geo-stationary satellite networks as given in section 3.3 do also yield for DVB-
RCS networks.

Lately a new working group has been created to work with enhancements to DVB Multi-Protocol
Encapsulation (MPE) [4]. This group investigates more efficient encapsulation methods.

It is possible to do a more precise calculation of required payload capacity in a DVB-RCS network. A
DVB-RCS system using IP encapsulation in MPE and MPEG frames the VoIP traffic will require capacity
as follows:

- G.711 of 64 kbps with 20ms framing will generate 80 kbps of sustained IP traffic that with MPE and
MPEG headers will require a payload capacity of at least 90 kbps

- G.729/G.729A with 2 voice frames per IP packet will generate 24 kbps of sustained IP traffic that with
MPE and MPEG headers will require a payload capacity of at least 32 kbps
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4 Nera SatLink VoIP
Nera SatLink has an RRM system that allocates precisely the required amount of bandwidth, be it smaller
or larger. The RRM system allows for the assignment of the return link capacity dynamically on the basis of
capacity requests. The terminal is responsible for the management of traffic, which includes handling data
and responding to control messages received from both terrestrial sources and the satellite. Traffic coming
from the terrestrial links is first classified then packets are fed to an appropriate queue and finally MPE
encapsulated and segmented into MPEG packets before being transmitted.

The Nera SatLink RRM system supports all the DVB-RCS categories for capacity assignment:

- Constant Rate Assignment (CRA)
- Assignment of Rate Based Dynamic Capacity (RBDC)
- Assignment of volume based dynamic capacity, Absolute (AVBDC) and relative (VBDC)
- Free Capacity Assignment (FCA)

These can be used in any combination.

4.1 Traffic Classification
The traffic entering Nera SatLink is classified packet by packet. Each packet is put into a queue appropriate
for the class of the packet. VoIP packets are put in a separate queue.

The classifier can determine the class of each packet based on the value of packet header fields like IP
source, IP destination, Protocol, TCP port and UDP port. Differentiated Services Code Points (DSCP) are
also recognised by the classifier. As Nera SatLink provides two distinct per hop behaviours the system can
be configured to comply with requirements of Differentiated Services [5].

4.2 QoS Capacity Budgets
The system capacity can be segmented so that a part of the dynamically allocated capacity can be
guaranteed for VoIP telephony. This makes it possible to calculate the call capacity of a telephony system.

The return link capacity is divided into:

- an amount guaranteed for CRA
- an amount guaranteed for VoIP traffic
- an amount guaranteed for BE traffic

Any unused CRA or VoIP capacity is made available to hand off BE traffic as required.

It is also possible to segment the capacity of the system to make capacity guarantees for sub-groups of the
terminal population. Any unused capacity from one subgroup is offered to others. This way good bandwidth
efficiency is achieved in combination with the possibility of giving bandwidth guarantees.

4.3 QoS Differentiation
In order to ensure precedence to VoIP packets several QoS mechanisms are implemented. The Nera
SatLink system offers an integrated solution where the QoS differentiation is built into both the satellite
GW and terminal.

For some applications such as broadcasting QoS makes sense only on the forward link. For VoIP telephony
QoS differentiation must be integrated in both the satellite hub and terminal, so that VoIP gets the necessary
precedence in both directions.
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Nera SatLink supports three QoS categories for assignment of capacity in the return link:
- CRA
- VoIP bandwidth on demand
- Best Effort bandwidth on demand

These can be used in combination. A terminal will not be assigned dynamic capacity if the level of CRA is
sufficient to hand off the traffic.

The QoS level of CRA is higher or equal to the QoS level of VoIP BoD and can thus also be used to hand
off VoIP traffic. The QoS level of Best Effort BoD is normally not satisfactory to hand off VoIP, but is
satisfactory for general purpose IP traffic with more relaxed QoS requirements.

4.3.1 At the network level
The GW authorises use of each QoS category to a specific level for each terminal.

The GW gives precedence to all VoIP BoD requests that fits within the VoIP budget. A request level in
excess of the budget causes the GW to serve the requesting terminals on a first-come-first-served basis to
preserve the quality of the ongoing calls.

The GW uses a similar logic for distribution of the CRA budget as for VoIP BoD, which makes it
convenient to combine CRA with VoIP BoD.

Best Effort BoD requests are served with all available capacity remaining after serving the CRA and VoIP
BoD policies. An excess request level is handled through a fair sharing strategy, giving capacity to all
requesting terminals.

4.3.2 At the terminal
The terminal requests for capacity individually for VoIP and Best Effort. Each capacity request is tagged
with the associated QoS category.

The QoS level on the return link depends significantly on the packet scheduling in the terminal, as the
terminal is the entry point of the traffic.

DVB-RCS systems designed only for transport of data traffic can also transport packets for VoIP telephony.
Tests of such a configuration have also been conducted with the Nera SatLink, and the conclusion is that the
VoIP QoS is satisfactory as long as VoIP is the only traffic in the network, or if there is plenty of capacity
available in the network. But as the network becomes congested, without arbitration that gives precedence
to the VoIP traffic, the voice quality degrades.

By correctly configuring the classifier the Nera SatLink terminal will give precedence to VoIP packets.

4.4 Nera SatLink VoIP Performance
Several aspects of the performance of Nera SatLink has been investigated

These includes:
- sharing of GW return link capacity between VoIP and BE
- quality of VoIP links at full system load
- quality of VoIP link with BE traffic over same terminal
- quality of VoIP link with different number of voice frames encapsulated per IP packet
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4.4.1 Sharing of GW return link capacity between VoIP and BE
Tests have been performed where the BE category is congested with request for capacity and the VoIP load
has been varied within the VoIP budget. The system then utilises the full capacity all of the time, only
moving capacity between VoIP and BE as a function of the VoIP requirements. The quality of the VoIP
links is unaffected.

4.4.2 Quality of VoIP link at full system load
The VoIP quality has been tested for the last call filling up the VoIP budget when the BE budget is heavily
congested. The quality of the VoIP link compared with the quality of a VoIP call set up on in unloaded
system is the same.

4.4.3 Quality of VoIP link with BE traffic over the same terminal

Figure 2. Without (left) and with (r ight) precedence to VoIP over  BE – note the difference in scales.

Figure 2 illustrates the necessity of incorporating precedence to VoIP at the terminal. We compare the
behaviour of the traffic queues in two cases:

-  Without precedence to VoIP (left). The terminal QoS profile is set with equal priority for both VoIP and
BE queues and implemented as either one queue with First In - First Out (FIFO) or separate queues with a
Round-Robin (RR) scheduling.

-  With precedence to VoIP (r ight). The terminal QoS profile is set with higher priority for voice packets
and separate queues.

In both cases, the capacity allocated to the terminal was sufficient to pass the voice traffic to the hub, but
not sufficient to satisfy the high rate of the BE traffic. Figure 2, left diagram, shows the voice queue
growing rapidly, leading to voice quality degradation due to large queuing delays. In the absence of
precedence, the queuing delay experienced by the VoIP packets is the same as the delay experienced by the
BE packets. With precedence, the required service differentiation is obtained. The right diagram shows the
VoIP queue maintaining a rather constant level amounting to one or two packets at any time. The
precedence scheduling makes the voice traffic immune to impairments caused by bandwidth variability due
to congestion in the BE traffic. If BE and VoIP are scheduled together, the performance degradation is
evident as seen from the left diagram. The additional delay caused by the queue and the jitter caused by the
variation in the BE traffic has a significant negative impact on the voice quality.
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4.4.4 Multiple voice frame encapsulation

Figure 3. Additional delay and j itter  as a function of the number  of voice frames encapsulated in each
IP packet.

Figure 3 shows results from experiments with different number of frames per IP packets over Nera SatLink.
The conclusion is that the higher the number of voice frames encapsulated, the greater the bandwidth
efficiency but higher the delay and jitter.
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5 The Fiji System
The Nera SatLink system delivered to Telecom Fiji is the key to interconnecting the Fiji islands (see Figure
4) and giving the remote islands access to the international data and telephone network, as there is little or
no terrestrial infrastructure in place.

Figure 4. The islands of Fij i.

Mains powered and solar cell powered remote terminals provide VoIP telephony, Internet access and
broadband for applications such as telemedicine, distance learning, streamed radio and TV broadcasting
(see Figure 5).
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Figure 5. Structure of the Fij i network.

5.1 VoIP system Layout
Figure 6 shows the VoIP elements of the Fiji network, and how these are integrated with Nera SatLink.
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Figure 6. The VoIP par t of the Fij i network.

The VoIP gatekeepers are collocated with the GW. At each terminal there is VoIP adapters providing
several connections for telephone equipment. The adapter is connected to the terminal through an Ethernet.
In addition, there may be computers connected to the terminal at the same Ethernet.
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5.2 VoIP Equipment Configuration
The VoIP equipment use H.323 signalling. The system uses G.729A voice compression. Two voice frames
are encapsulated per IP packet. Silence suppression is not activated.

5.3 Nera SatLink Configuration
Most of the system capacity is guaranteed for VoIP. A minor fraction is guaranteed for other traffic (BE) so
that other applications cannot be completely starved by VoIP traffic.

A small amount of CRA (a fraction of the BW needed for one call) is given to some of the terminals that
support VoIP. This was found necessary to eliminate a risk of timing out the call set-up before the call is
completely established. The problem only occurred at terminals used to call internally in the system and
only these receive CRA. VoIP equipment that tolerates a longer call set-up period will not experience
problems operating without this CRA.

Only the terminals with VoIP adapters are authorised to request for VoIP BoD. The maximum level allowed
to be requested is set according to the maximum number of simultaneous calls that the terminal is supposed
to support.

The level of BE BoD that each terminal is authorised to request for is scaled according to the function of the
terminal.

6 Standardisation issues
A key element in driving the deployment of current network infrastructures, i.e. telecom, data and
broadcasting, has been the fact that certain standards have become globally adopted (PSTN, IP, MPEG2
and DVB). For instance DVB-RCS has emerged as one of the baselines for broadband satellite services.
Standards are important for a number of reasons, among which the need for interoperability is paramount.

One problem with standards is that they usually provide only the foundation of functionality or define
component capabilities and functions. But, there is no guarantee that various implementations would be
interoperable. There is still a lack of common design for the IP telephony features and applications over
satellite and for the RRM and QoS that support VoIP. Therefore, technology providers should contribute to
standardisation activities by proposing optimised solutions for protocols, inter-working techniques, radio
resource management methods, QoS mechanisms, etc.

Specifically, the Fiji system required a method for classification of capacity requests. DVB-RCS could
benefit from an extension with a specification of how the terminal can indicate QoS category association
when requesting for capacity.

7 Conclusions and future perspective
Experience with VoIP over Nera SatLink shows that DVB-RCS is sufficiently mature and reliable for VoIP
transport. Moreover, with the addition of QoS differentiation VoIP can have precedence to the available
bandwidth when the up-link is congested. Yet, there can be flexible sharing of any unused bandwidth.

Delivery of satisfactory QoS (quality) and effective bandwidth management (cost) are two expected but
somewhat contradictory requirements in broadband systems. The solution is to apply a dynamic resource
management that provides satisfactory QoS for voice while maximising the bandwidth utilisation. Meeting
both requirements demands the correct design.

Looking forward, VoIP over DVB-RCS can benefit from the onboard processing in the next-generation
broadband satellites because these allow one-hop connectivity between terminals. This will yield lower
delays for inter-terminal traffic.
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8 Acronyms

AVBDC Absolute Volume Based Dynamic Capacity
BE Best Effort
BoD Bandwidth on Demand
CRA Constant Rate Assignment
DVB-RCS Digital Video Broadcasting – Return Channel via Satellite
DSCP Differentiated Services Code Point
FCA Free Capacity Allocation
FIFO First In First Out
FLS Forward Link Signalling
GEO Geo-stationary Earth Orbit
IP Internet Protocol
MAC Medium Access Control
MF-TDMA Multi-Frequency Time Division Multiple Access
MPEG Moving Picture Experts Group
NCC Network Control Centre
QoS Quality of Service
RBDC Rate Based Dynamic Capacity
RLS Return Link Signalling
RR Round Robin
RRM Radio Resource Management
RTT Round Trip Time
SLA Service Level Agreement
TBTP Terminal Burst Time Plan
TCP Transmission Control Protocol
TDMA Time Division Multiple Access
VBDC Volume Based Dynamic Capacity
VoIP Voice over IP
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