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The drive toward large-scale deploy-
ment of 3G wireless networks continues,
despite concerns over rollout costs, pay-
back timescales, and the search for a
killer application that will return average
revenue per user back to the levels
enjoyed a few years ago. Much of the
debate has focused on the radio access
network (RAN) in terms of cost and
allocation of 3G licenses and the com-
plexity of the new wideband CDMA air
interface. However, another element that
shouldn’t be underestimated is the com-
plexity of the core network, and particu-
larly how this integrates and operates
with the existing 2G network, which will
still be with us for a long time. This
article looks at the challenge of imple-
menting the voice components of the 
core network and how CompactPCI
technology and open standards can
simplify this development task.

3G networks are IP-based and incorporate
voice over packet transports. These bring
the promise of more efficient utilization of
the link, improved fault resilience, and,
most importantly, the potential of a single
network for voice and data services. The
new 3G networks will have to handle sub-
stantial quantities of both traffic types,
making voice over packet technology a
natural choice since it enables voice calls
to be routed to either an IP or a PSTN net-
work. With the introduction of release 4
and 5 3GPP network specifications comes
the concept of a VoIP media gateway
replacing the existing voice bearer and
transcoding elements of the MSC or BSC.
The media gateway is now responsible for
voice rate adaptation between the “radio
network,” which uses compressed voice
standards such as Adaptive Multi Rate
(AMR) at up to 12.2 Kbits/sec, and “fixed
line” voice coding standards such as
G.711 (uncompressed 64 Kbits/sec voice
for the PSTN) or G.723.1 (compressed
voice for VoIP connections).

Implementation of the media
gateway
As you can see from Figure 1, the media
gateway is a very complex network ele-
ment. Release 4 and 5 of the 3GPP spe-
cification assigns the media gateway to
handle voice traffic, while data services
are handled via the SGSN and GGSN net-
work elements. These latest specifications
are based on the concept of a separate
radio network for 2G and 3G, along with a
single core network to support the routing
of voice in the public land mobile network
(PLMN) for both network standards. This
single core network approach means that
the media gateway has to handle a great
variety of traffic types, network interfaces,
and associated protocols. Typically a
media gateway has to handle up to five
interface types;

■ IuCS – Interface to the 3G radio
access network (ATM but moving 
to IP);

■ A – Interface to the 2G radio access
network (traditionally framed E1
channels);

■ Nb – Interface between media
gateways within the core network
(ATM, IP);

■ Gi – Interface to the data network via
the GGSN (IP based), and;

■ PSTN – Circuit switched connection
to public network (STM-1, T3, E1).

Each one of these different physical inter-
faces requires a unique protocol stack and
often a different voice-coding scheme to
transport the traffic. However, the media
gateway is a well-defined network ele-
ment in terms of both its bearer channel
I/O and the control mechanisms between
it and the media gateway controller (called
the MSC-server within the wireless stan-
dards). This standard media gateway defi-
nition has enabled companies with the
necessary skill-set to provide integrated
platforms that service these needs and
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simplify the process of building these new
networks. 

The transport protocols and voice coding
schemes used within the system are
shown in Figure 2. These are the primary
ingress and egress points of the media
gateway. Up to four networks effectively
come together at this point, so the media
gateway must be extremely flexible, as it
needs to adapt voice channels between
any of the traffic types described below.

■ 2G RAN – GSM FR, EFR, HR voice
carried within sub rate E1 channels;

■ 3G RAN – AMR carried within ATM
(AAL2) cells or IP packets (RTP);

■ VoIP – G.723.1, G.729, G726, 
G.711 carried within IP packets 
(Gi interface), and;

■ PSTN – G.711 within E1, T3, 
STM-1, etc.

In practice, these “transcodes” may reside
in different gateways throughout the net-
work. However, the key requirement is to
simplify the task of the system developer.
One well-understood platform is clearly
easier to integrate than multiple systems
and technologies, so a single platform
capable of handling any of these combina-
tions offers the optimum solution.

It is also important to understand what is
happening within the gateway. In many
commercially available solutions the
developer is abstracted from the underly-
ing DSP technology and software, using
application level function calls (API’s) to
set up, tear down, route, and control voice

processing channels. This offers both
advantages and disadvantages.

High-level API’s make the gateway easy
to use, but many developers may feel a
loss of control, as they were previously
coding the DSP directly. This issue can be
addressed by opening the solution with a
developer kit that allows a developer to
make DSP level changes to, for example,
the vocoder, echo canceller, or encapsula-
tion standard.

At the heart of the media gateway is the
transcoder resource, which is made up of a
number of algorithms and standards (see
Figure 3). On the packet network side,
data enters the media gateway via a net-
work processor where IP or ATM trans-
port protocols (the encapsulation) are
removed to recover the compressed voice
data. The data is then passed through a
number of DSP stages. These include a
transcoder to take the compressed voice
channel back to linear (a digital represen-
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tation of the analog voice), the level is
adjusted, echo cancellation is applied, and
finally, the voice is encoded for the desti-
nation network. This encoding can be
either another compressed voice format or
uncompressed G.711. 

Once encoded for the destination network,
the data needs to be encapsulated into
ATM, IP, or circuit-switched format as
applicable. Additionally, in-band signal-
ing may be used to indicate functions such
as codec changes, bit rate changes within
a vocoder (for example, an adaptive multi-
rate vocoder has a number of bit rates to
trade off network capacity against voice
quality), and the sending of silence
frames. The gateway has to be capable of
handling these commands and adjusting
the transcoder resource accordingly.

Voice quality is paramount in all of these
systems. One intrinsic requirement for
good voice quality is low latency. The dif-
ferent network connections significantly
influence the latency and the processing
load, and when implementing systems this
needs to be considered. ATM and circuit-
switched connections have inherently
lower latency and IP systems can mitigate
longer latency by sending packets more
frequently (5 msecs, 10 msecs, 20 msecs).
This is a balancing process, as lower
latency often results in more processing
overhead for each payload and therefore
less channels. The 3GPP and IETF stan-
dards normally provide good guidelines
for the best packet rate to use, but ulti-
mately the transcoder implementation
should add a total latency of less than 30
msecs.

Putting it together
While network connectivity and vocoder
support are key issues, system builders
have another significant concern – the
capability to bolt all of this together.
Core network gateways can be extremely
large machines. Large multi-shelf cabi-
nets supporting tens of thousands of calls
are the norm. Looking ahead, the goal is
to handle more channels in a smaller,
more power-efficient space. Most sys-
tems incorporate a high degree of
resource pooling. Network interfaces and
processing resources are located within a
single chassis and ideally support a fully
non-blocking operation, where any pro-
cessing resource can see any channel.
Traditionally, the H.110 bus has been
used to interconnect interfaces and pro-
cessing resources, giving efficient uti-

lization of network connectivity and pro-
cessing resources.

Moving forward, architecting efficient
high-performance systems presents a
greater challenge. Network connectivity
of a next-generation core network in-
cludes ATM, Ethernet (IP), and circuit-
switched connections, presenting new
problems.

The historical approach to IP connectivity
was to include a discrete Ethernet connec-
tion on each resource card connected via
the external Ethernet hub, but cabling and
reliability issues make this less than ideal.
The PICMG 2.16 standard routes Ethernet
in the CompactPCI backplane, simplify-
ing system build and making CompactPCI
a good fit for many telecom applications.
However, two major problems still
remain. A single high-density voice pro-
cessing board can terminate a T3 link (car-

rying 672 channels) or more, at which
point the H.110 bus becomes a significant
bottleneck. Calls can be terminated at card
level, but this negates the resource pooling
advantages of H.110. 

Another problem is the lack of a standard
mechanism for routing ATM within a
chassis. Most voice resource boards ter-
minate ATM at card level, with each card
connected to an external ATM switch,
providing a single ATM connection to the
outside world (Figure 4). Another alterna-
tive could be to terminate the ATM con-
nection and convert the cells to IP packets,
which are routed over a PICMG 2.16
Ethernet connection (Figure 5). Neither
approach is ideal. A new standard called
CompactPCI Serial Mesh Backplane
(PICMG 2.20) has been proposed. This
embeds a mesh fabric into the Com-
pactPCI backplane that is capable of car-
rying cell-based traffic. This approach not

O N  T E L E C O M

External ATM Switch

CompactPCI Packet Switched Backplane (PICMG 2.16)

H.110

ATM

IP

P
IC

M
G

 2
.1

6 
 S

w
itc

h 
C

ar
d

PLMN

C
P

U
 T

as
k 

P
ro

ce
ss

or
C

on
tro

l o
ve

r 2
.1

6 
or

 E
th

er
ne

t

Tr
an

sc
od

er
R

es
ou

rc
e 

B
oa

rd
s

T
1/

T
3/

S
T

M
-1

 L
in

e 
C

ar
d

IP Control IPTDM TDMAAL2/5

Figure 4

CompactPCI Serial Mesh Backplane

CompactPCI Parallel Switched Backplane (PICMG 2.16.)

N
et

w
or

k 
P

ro
ce

ss
or

 B
oa

rd
s

C
P

U
 T

as
k 

P
ro

ce
ss

or
C

on
tr

ol
 o

ve
r 

2.
16

 o
r 

E
th

er
ne

t

Tr
an

sc
od

er
R

es
ou

rc
e 

B
oa

rd
s

N
et

w
or

k 
P

ro
ce

ss
or

 w
ith

T
1/

T
3/

S
T

M
-1

 T
er

m
in

at
io

n

PLMNATM/IP

IP AAL2/5 Control TDM
Over
AAL1

IP AAL2/5 TDM
Over
AAL1

Figure 5

www.compactpci-systems.com


only supports resource pooling for ATM
AAL2/AAL5 compressed voice traffic,
but can also handle constant bit rate traffic
within AAL1 cells for PSTN traffic. This
approach provides a high-performance
alternative to H.110, giving all the bene-
fits of resource pooling but with the
capacity for 20,000 or more channels per
shelf.

As CompactPCI matures, new standards
are being added to deal with network
protocols and transports. As a result,
open-standard CompactPCI solutions are
gaining in popularity over proprietary
solutions. The increasing share of the mar-
ket for telecom platforms is providing a
strong incentive for CompactPCI subsys-
tem vendors to develop highly integrated
solutions incorporating line cards, DSP
resources, task processors, and, most
importantly, application-level software
solutions, that can help reduce time to
market. These proven, application-ready
solutions enable very high-density gate-
ways to be built in a convenient form fac-
tor for the ultimate benefit of the cus-
tomer.
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