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Abstract— Currently, the Internet provides a large num-
ber of services, e.g., e-commerce, file-sharing, and email,
allowing people from all over the world to do business, ex-
change data, and communicate, respectively. A service that
is gaining popularity is Voice-over-IP (VoIP) that allows peo-
ple to communicate with each other via voice over the Inter-
net without utilizing the plain old telephone service (POTS) –
even though telephone lines may be used to carry the digital
data. The perceived quality of this service greatly depends
on the delay between capturing (subsequently, coding and
transmission) of voice data and the playback (after recep-
tion and decoding) of the voice data. In this paper, we solely
focus on the client-delay as we can not influence the delay
caused by the Internet that carries the voice data. In this in-
vestigation, we are utilizing an FPGA platform that includes
both a general-purpose processor (i.e., a PowerPC) with re-
configurable fabric surrounding it. First, we implemented
VoIP in software. Second, we determined through profiling
the most computationally intensive operation(s). The most
time-consuming operations were found within the audio en-
coding and decoding, in particular, GSM en/decoding. In
order to meet certain timing requirements, the coding accu-
racy was scaled back considerably resulting in a large degra-
dation of the perceived audio quality. In order to improve
the audio quality, we propose to implement these operations
in the FPGA fabric surrounding the general-purpose proces-
sor.

Keywords— client, codec, delay, FPGA, GSM, reconfig-
urable hardware, VoIP

I. I NTRODUCTION

Nowadays, many services are running on top of the In-
ternet allowing people to basically advertise, exchange,
and retrieve information. An increasingly popular service
is Voice-over-IP which allows people to talk to each other
for free or at very low rates. A typical VoIP system is de-
picted in Figure 1 and a short explanation of the parts con-
stituting this system is given in the following. First, at the
sender side voice sound is sampled from a microphone.
Second, this voice data is coded by an encoder to save
bandwidth. Third, this coded bitstream is packed into IP
packets and sent along an IP network, which in most cases
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Fig. 1. Voice-over IP system

is the Internet. Fourth, at the receiver side these packets are
unpacked from IP and network headers. Fifth, the coded
voice data from these packets and a decoder converts the
voice data back into samples. Finally, these samples are
put in a playback buffer. This buffer is needed to com-
pensate for the variation of delay over the network, called
jitter. Studies for buffer schemes can be found in [1], [2],
and [3]. Basically, there are three locations in the overall
system at which delay occurs: at the sender client, in the
network, and at the receiver client.

In this paper, we only focus on the client delay that is
either the time between audio capture and actual trans-
mission of the packets (containing the audio data) or the
time between packet arrival and audio playback. One im-
portant delay factor (see Figure 1) is the audio codec be-
ing used in the encoder and the decoder. We have cho-
sen to focus on the GSM codec that is utilized in cellu-
lar phones since it is similar to many other (linear predic-
tive) codecs, e.g., G.723 and G.729. Another delay factor
relates to the processing of the protocols used, e.g., SIP,
SDP, RTP, UDP, etc. However, our initial results show that
their impact on the client delay is minimal. Therefore, our
main objective is to determine the most time consuming
operations within the audio codec and subsequently im-
plement these operation in reconfigurable hardware, i.e.,
field-programmable gate arrays (FPGAs). Consequently,
we have implemented a software-alone VoIP solution on
a FPGA platform that contains a general-purpose proces-
sor (GPP). More specifically, the software-alone solution
is executed by this GPP. Subsequently, we profile this im-
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plementation to determine the most time consuming op-
erations. Afterwards, these operations are extracted from
software and will be programmed in reconfigurable hard-
ware. The reason for utilizing reconfigurable hardware is
that it allows us to quickly change its functionality while
at the same time the performance of the implemented op-
erations are increased.

This paper is organized as follows. Section II gives an
overview of related work and prior research with respect
to delay in VoIP. Section III describes the used hardware,
software and measure methodology. Section IV presents
the results of our measurements. Section V will give con-
clusions about the results and recommendations for further
research.

II. RELATED WORK

A lot of investigation has been done on measuring, char-
acterizing, and reducing network delay and jitter, e.g., in
[4]. The effects of bursty background network traffic on
VoIP is investigated in [5]. However, less investigation
has been performed on reducing client delay. A few per-
formed research on real end-to-end delay. [6] and [7] used
a metronome signal (pulses) to determine end-to-end de-
lay by measuring the phase difference between the pulses.
In addition to this research, [8] performed a large number
of measurements on commercial VoIP phones (hardware
and software) by calculating the delay of real sound. They
used a local network to measure delays, which mean that
network delay can be neglected because it is smaller than
1 ms. Client delay is measured and showed that hardware
phones perform best with a minimum of 50 ms. Software
phones have client delays of hundreds of milliseconds.

Our objective is to reduce client delay to a minimum.
Other work has put the accent on minimizing delay in
the playback buffer. [1], [2], and [3] work with adap-
tive playback buffers that adjusts the length of the play-
back buffer depending on certain QoS parameters, e.g.,
jitter, and packet loss. Our work extends this research,
though, we are focusing on the processing time of en-
coding/decoding. Moreover, no research has, to our best
knowledge, been performed on VoIP and reconfigurable
hardware.

III. E XPERIMENT SETUP

In this section, we describe our implementation of VoIP.
First, we describe the hardware. Second, we present the
software implementation. Third, we explain our measure-
ment methodology. Fourth, we briefly explain the GSM
coding.

A. Hardware

The hardware we used, is the Xilinx XUP board. This
board contains a Virtex II Pro and peripherals like Eth-
ernet, Audio, VGA, and PS/2. The Virtex contains two
PowerPC 405 embedded processor cores (of which one
is used) which run at 100 MHz, 136 multipliers, 300 kB
RAM cells, and an FPGA fabric. The FPGA fabric con-
nects all blocks as depicted in Figure 2. These connec-
tions are made via two bus systems, PLB (Processor Local
Bus) which is 64 bit wide, and OPB (On-Chip Peripheral
Bus) which is 32 bit wide. These bus systems are IBM’s
CoreConnect compatible and connect internal blocks and
peripherals on the XUP board to the processors. Figure 2
shows that all connections to the outside of the Virtex II
Pro are made through FPGA blocks.

The Ethernet adapter and Audio AC97 codec are essen-
tial for VoIP. VGA and PS/2 are implemented to interact
with the user. A PS/2 keyboard allows the user to select
a contact and initiate a call, or terminate a call. A moni-
tor connected to the VGA adapter, shows the status of the
system and current delays. Due to the limited capacity of
the VGA buffer, only text characters can be shown. The
display is set to a resolution of 800x600 where 100x75
characters of 8x8 are shown.

When profiling is finished and time consuming opera-
tions are determined, they are implemented in hardware.
The FPGA present on the Virtex is suitable to carry this
implementation. The bus system allows us to communi-
cate and exchange data from software to hardware parts.

B. Software

We built a VoIP implementation with minimum require-
ments. The software needed for a minimal VoIP applica-
tion has the following protocols installed: SIP/SDP, and
RTP/RTCP. SIP is a signaling protocol that is used to con-
nect two or more people on the Internet. At startup, a REG-
ISTER message is sent to the SIP server, in order to inform
the SIP server of our location. At call setup, an INVITE
message is send or answered, together with SDP (Session
Description Protocol) messages. When both sides of the
connection agree upon the session, a ACK signal is send
to the side who first sent the INVITE signal. At call break-
down, a BYE message is send and answered by the other
side of the connection. These four SIP commands (REG-
ISTER, INVITE, ACK and BYE) are implemented in our
software. SDP messages are embedded in SIP messages.
They are used to negotiate which protocol and codec to use
and exchange information on IP addresses and port num-
bers. When SIP has connected two endpoints, voice data is
exchanged between them directly. This data is carried by
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Fig. 2. Virtex II Pro Architecture

RTP (Real-time Transport Protocol). RTP also uses UDP
to carry data over the Internet. In RTP, any codecs could
be used to code voice data. Nearly all codecs have a 8
kHz 16 bit PCM signal as input. There are several pop-
ular sample based codecs, e.g., G.711 which compresses
a 128 kbps bitstream into 64 bits/s, and G.726, which is
a Adaptive Differential PCM codec and produces bitrates
varying from 16-40 kbps. Other codecs are frame based
codecs, e.g., G.723.1, G.729a, and GSM. We used an open
source GSM 06.10 algorithm of C. Bormann and J. De-
gener from the Technical University of Berlin [9]. Since
UDP is used, the sender will never know how many pack-
ets are received at the other side of the connection. There-
fore, RTCP (Real-Time Control Protocol) informs a sender
of RTP packets on the QoS of the network. An RTCP
packet holds several kinds of QoS parameters, e.g., jitter
and packet loss. RTP/RTCP always work on consecutive
UDP port numbers: RTP on the even port number, RTCP
on the odd ones. RTCP packets are not send as often as
RTP packets, though RTCP can hold information about
every RTP packet. Information on multiple RTP packets
is collected and send in one RTCP packet. Sending no
RTCP packet is also an option, but sender and receiver are
not able to adapt to the network behavior.

C. Timing measurement

For time measurements, we use a hardware timer that
is connected to the processor via the OPB bus. This is
a hardware counter that runs at system clock (100 MHz).
Because the counter is a hardware timer, it guarantees the
accuracy of our measurements. Reading the counter over
the OPB bus usually takes 10 cycles which does not sig-
nificantly affect our accuracy. Accessing the counter needs
the access time of the PLB bus plus the access time of the

OPB bus, because of the PLB-to-OPB bridge. Each bus
occupies 5 cycles to service a request. The value of the
counter is read from software before and after an opera-
tion. The counter is 32 bits wide which enables us to mea-
sure a maximum time of 42.9 seconds, before the counter
overflows.

We perform two types of measurement. The first type of
measurement is determining the processor usage at three
different states our system can be in: Idle, Ringing, and
Talking. The second type of measurement is a more spe-
cific measurement of partial functions. The outcome of
the first measurement is used to profile partial functions of
time consuming operations. These operations are subject
for implementation in hardware.

D. GSM Coding

GSM is a RPE-LPC (Regular Pulse Excitation - Linear
Predictive Coder) coder [10] and contains a encoder and
a decoder. We first describe the encoder and second, the
decoder.

D.1 Encoder

The block diagram of the encoder is depicted in Figure
3. It consists of the following parts:
• Preprocess
• LPC Analysis
• Short term Analysis
• Long term Analysis
• RPE Encoding
The input for the encoder is a block of 160 samples. Only
the 13 most significant bits of each 16 bit sample are used
for encoding. The first stage in the encoding process is a
offset cancellation and a first order pre-emphasis (low cut)
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Fig. 3. GSM Encoder

filter. The second stage is calculating the Linear Predic-
tion Coefficients (LPC), which are sometimes called re-
flection coefficients after the vocal tract model. The auto-
correlation function is used to determine these parameters,
that are used to filter the signal. Filtering is performed in
the short term analysis. Because the filter gives a global
characterization of the speech fragment, a residual signal
remains. This signal is still 160 samples and is split in
4 equal segments of 40 samples. Four blocks of residual
samples are fed to the Long term analysis and RPE Encod-
ing to extract LTP (Long Term Prediction) and RPE (Reg-
ular Pulse Excitation) parameters. When these parameters
are determined, the residual signal is simultaneously re-
constructed for comparison with the original residual sig-
nal. Output of the encoder are 8 LPC coefficients, and for
each 40 sample block a LTP Lag, LTP Gain, and 13 RPE
pulses. Altogether, there are 76 parameters to send, which
have been quantized to achieve compression.

D.2 Decoder

The block diagram of the decoder is depicted in Figure
4. It consists of the following parts:
• RPE Decoding
• Long term Synthesis
• Short term Synthesis
• Postprocess
The decoder contains the same feedback loop as the en-
coder. When the parameters are fed to the RPE decoder
and long term synthesis, the reconstructed short term resid-
ual samples will be created. These samples are fed to the
short term synthesis filter. Finally, the samples are post-
processed with a de-emphasis filter. The original signal is
reconstructed.

IV. RESULTS

We measured the processor utilization for the three
states: Idle, Ringing, and Talking. As expected, the fist
two states were not of interest. In the Idle state, the proces-
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Fig. 4. GSM Decoder

sor does nothing and in the Ringing state, the processor
waits till the users has either accepted a incoming call, or
a callee has accepted our outgoing call. The most interest-
ing processor utilization was in the Talking state. We dis-
tinguish between the following tasks: Idle, SIP, Unpack,
Unwrap RTP, GSM Decode, Playback, Record, GSM En-
code, Wrap RTP, and Pack. The results of this measure-
ment are depicted in Figure 5 and are acquired from a 32
seconds long call. We explain the tasks in the following.
’Idle’ is the idle processor time. ’SIP’ is the time needed
to send, receive, compose or interpret SIP signals. While
Talking, no SIP messages are exchanged. The next four
tasks relate to receiving voice data. ’Unpack’ is the time
needed to strip the Ethernet and UDP/IP headers. ’Un-
wrap RTP’ is the time needed to extract voice data from a
RTP packet. ’GSM Decode’ is the time needed to decode
a GSM frame. A GSM frame holds 20 ms of voice data,
which at 8 kHz samplerate corresponds to 160 samples.
These samples are 13 bit wide and compressed to 33 bytes,
containing 70 parameters. ’Playback’ is the time needed
for putting the voice data in the playback buffer. The next
four tasks relate to transmitting voice data. ’Record’ is the
time needed to get the number of needed samples out of
the record buffer. ’GSM Encode’ is the time needed to
compress a GSM frame. ’Wrap RTP’ is the time needed to
generate an RTP header along with the voice data. ’Pack’
is the time needed to put the UDP/IP and Ethernet headers
around the RTP packet. As can be observed in Figure 5,
the GSM encoding and decoding together constitute more
than 75% of the processor utilization.

The second measurement entails the determination of
the different functions inside the encoding and decoding
processes. For each function we measured the execution
time in order to extract the most time consuming opera-
tions. The encoder functions are depicted in Figure 6 and
the decoder functions are depicted in Figure 7. We ob-
serve that a 20 ms voice frame takes 9 ms to encode and
4 ms to decode. We must note that we tested two imple-
mentations. The first implementation used floating point
operations and the second implementation used integer op-
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erations. However, when using floating point operations,
voice encoding took 175 ms and decoding took 90 ms. It is
obvious that the encoding/decoding should take less than
the length of the speech frame, which is 20 ms. As a re-
sult, it is impossible to use the floating point version in
software. A reason for this is the PowerPC 405 does not
contain a dedicated floating point unit. A special library
takes care for any floating point operation, which is time
consuming. When comparing the voice quality by listen-
ing, difference can be heard between the encoder/decoder
with integer and floating point operations. The integer ver-
sion distorts the voice, due to rounding errors.

V. CONCLUSIONS AND FURTHER RESEARCH

Our objective was reducing client delay by using recon-
figurable hardware. Our approach to this problem was first
to build a pure software version of a VoIP implementation
on the Xilinx XUP board. This software version runs on
a PowerPC 405 embedded on a Virtex II Pro. We pro-
filed this software version in order to determine the most
time consuming operations. Our investigation yielded the
most time consuming operations being GSM encoding and
GSM decoding. Both operations combined utilized over
75% of the cpu time when in the Talking state.

We also observed that the processor was not powerful
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Fig. 7. Decoder time measurement

enough to process a floating point version of GSM encod-
ing/decoding, because the PowerPC 405 does not contain
a native floating point unit. Therefore, we used an inte-
ger version of GSM. However, this deteriorated the speech
significantly. Consequently, these functions should be ex-
tracted from software and implemented into hardware, in
order to speedup the encoding/decoding process. Hard-
ware enables us at the same time to perform floating point
operations. To maintain flexibility, an FPGA should be
used to carry out the time consuming functions. As a re-
sult, we recommend for the future to implement the GSM
encoding/decoding in the FPGA part of the Virtex II Pro.
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