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ABSTRACT
Interaction with a robot has been an active area of research
since the inception of robotics. Talking to a robot has always
been considered the most natural way to communicate with
it. But it is not always possible to have a full-fledged, stand-
alone speech processing engine to be present on a robot or
on a single machine. A dedicated system to convert the com-
mands from audio to text is needed. However, as the number
of commands and robots increases, it becomes necessary to
eliminate all the single-point failure points in the system.
Thus, distributed speech engine comes into picture. Also
users may want to talk to the robot in different languages.

The approach proposed in this paper is distributed, fault
tolerant and scalable, such that any new recognition algo-
rithm or language support can be added and used without
any changes to the existing system.

The work has been demonstrated on a freely available mo-
bile agents based Internet of Things platform. However, any
platform can be used.

Categories and Subject Descriptors
1.2.7 [Artificial Intelligence]: Natural Language Processing
- speech recognition and synthesis; 1.2.9 [Robotics]: au-
tonomous vehicles, operator interfaces.

General Terms
Algorithms, Experimentation

Keywords
Robot, Human-machine interaction, Speech recognition, Dis-
tributed Services, Mobile Agents

1. INTRODUCTION
Man-machine interaction has been an important area of

work for many decades now. Speech being a natural way
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of communication among humans is far more intuitive and
easier to use for people in applications like controlling robots,
hands free operation of devices and systems, etc.

In hazardous environments the robots may need to be con-
trolled remotely. It can also be beneficial when the computer
or robot specific knowledge of robot operators is limited but
they are experts in the area where robots are being used.
It can also be useful for differently abled people who are
required to control these robots. A very obvious way is to
’call’ the robots using a telephone and ’tell’ them the task
to be performed. s

This paper proposes a distributed and scalable speech
recognition engine. It handles requests from multiple clients
to control a set of robots. This removes the chance of
any single point failure. Mobile Agents are used to au-
tonomously distribute the recognition task among multi-
ple machines which hosts the the speech recognition engine.
Since the system is distributed, the load capacity can be
increased by increasing the number of recognition engines
therein making the system scalable. Thus, virtually any
number of robots and users can be supported. Also the
system supports commands in multiple languages. The sup-
port for new languages can be added dynamically without
changing the existing system.

2. RELATED WORK
The initial approaches to achieve this task were aimed at

using voice driven control signals. The VoiceBot [5] was de-
veloped using this approach where voice was used to specify
the control signals which in turn manipulated a real 3 di-
mensional robotic arm. But this system did not take proper
speech commands as input to the system.

Some of the works were aimed at enabling robots to have
their own voice recognition systems [11]. But in these sys-
tems the recognition module had to be replicated on each
robot thereby increasing the overall resource usage and drain-
ing the robot batteries. Also each robot had to be equipped
with sufficient computation power to carry out recognition
tasks hence increasing the cost and complexity of each robot.

A possible solution to this problem is to have a dedi-
cated speech recognition engine which converts the voice
commands into text format understood by the robots. This
concept was used in ActivMedia PeopleBot [8] where sim-
ple oral commands to control a mobile robot were used. It
used a separate speech recognition engine and robotic con-
trol unit. This system was restricted to simulator hence its
workability in real world scenarios was not known.
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Interfaces to control LEGO® NXT Mindstorm® robots
have also been proposed. Jha and Nair [6] developed ”Logic
Programming Interface” for controlling and programming
multiple LEGO® NXT robots. The major problem with
this system was that it required some basic familiarity with
Prolog. This problem was solved in [1] where voice based
input was used to control the LEGO robots. But it worked
for Mexican Spanish voice and was developed to control a
single robot.

A better approach was proposed in [12] where a client-
server architecture for controlling multiple robots using voice
commands was used. But the problem with these kind of
systems is that they are not scalable and cannot handle high
loads. As the number of robots increases, these systems tend
to slow down, resulting in low performance of the system.
And since these systems are dependent on one server, they
are susceptible to single point node failures, which may ren-
der the whole system useless.

Speech remote control system [13] has also been proposed
which is distributed. It is based on web service and auto-
matic speech recognition. But in this system also the core
server recognizing the utterances is single and thus is prone
to single point node failure.

Mobile Agents can provide all the major functionalities
that are found in distributed architectures. They can move
from one node to another and also make the system dy-
namic, adaptable, robust and scalable. Also using mobile
agents relieves the task of considering the functional equality
of all distributed computing nodes. This makes the devel-
opment of the system more logical. Due to these advantages
mobile agents have been implemented in a large number of
areas [10].

Application of mobile agents in the field of robust tele-
operation [3] has already been explored in the field of nu-
clear decommissioning. Mobile Agents have also been used
in ALLIANCE architecture [4] which extended the adapt-
ability and fault tolerance in simulated and real networked
robots. Framework for cooperative control of multi-robots
using mobile agents [17] has also been proposed recently.
All these approaches using mobile agents work with usual
text-based command interfaces.

The goal of this paper is to present a simple voice based
control system for multiple robots which is distributed, scal-
able and robust. The voice commands used are highly intu-
itive like ACQUIRE, RELEASE, FORWARD, BACKWARD,
etc. When used in conjunction with corresponding robot ID
and client ID, they perform the specific tasks corresponding
to them.

3. PROPOSED APPROACH

3.1 Components
The proposed system has five components as shown in

Figure 1.

1. Robot: It is the robotic device present in an arena and
to be controlled by the robot controller. We have used
LEGO® NXT Mindstorms® robot for the purpose of
the experiments. Robots are identified by their unique
robot IDs.

2. Robot Controller: It is directly connected to the robots
and acts as an interface for them. It gets the com-
mands from the control server and performs corre-

Figure 1: Layered Architecture showing relationships be-
tween different components

sponding operations on the robots. The authentication
of command source is also done here.

3. Control Server: It is selected randomly from the nodes
that are part of the speech engine. It distributes the
recognition task. It sends the command to the robot
controller and simultaneously gives a positive/ nega-
tive score to the model of the speech engine.

4. Speech Engine: Here different speech recognition al-
gorithms work in parallel for a particular input sig-
nal and sends the output probabilities to the control
server. It can cater to the requests from a large num-
ber of clients simultaneously. Also, different recogni-
tion methods can be run in parallel to improve the
accuracy of the system over time.

Support for multiple languages is also provided here.
All languages will have separate models hosted on dif-
ferent nodes and mobile agents are sent to each one of
them. The model which gives the maximum similarity
score is chosen.

5. Client: It receives the speech signal from the user and
sends it to the speech engine. It also confirms the
command just before performing it upon the robots.
Each client has a unique user ID for authentication
purposes.

3.2 Steps
The user speaks a command like “Acquire One” to his

phone or any other speech interface. This command is sent
via the network to the speech engine.

Each new command is sent to a random node within this
engine. This node acts as the control server for that partic-
ular request. Bramson et al. [2] proves this kind of random
distribution of load to be optimal. The control server per-
forms the task of parallelizing the recognition based on word
models. Since speech recognition algorithms are model-
based wherein we have a model for each word in the vo-
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Figure 2: Flowchart of a typical request

cabulary, the task is well suited for distribution across a
network.

Mobile agents carry the spoken phrase/command as a pay-
load to different nodes of the recognition engine, each of
which finds the similarity between the spoken word and the
models that are hosted on that node. This similarity is quan-
tified as the probability that the spoken word was generated
using that model.

The maximum probabilities at each node are then re-
turned to the control server, which compares them and de-
cides the most probable command. This is sent back to
the user for verification purposes. If the user replies pos-
itively, a positive score/feedback is sent to the model and
the command is interpreted and the corresponding opcodes
are forwarded to the robot controller. If the user feedback
is negative, the model is given a negative score and the next
most probable model is chosen as the candidate and the user
is asked for confirmation again and so on.

For a request with positive feedback, the recognized com-
mand is forwarded to the corresponding robot controller.

Figure 2 shows the control flow for a typical request from
a client.

3.3 Degree of Parallelization
Ideally the time taken to recognize a command can be

decreased by decreasing the number of models hosted at
each node. This will bring down the processing time at each
node. But since the agents take some finite time to travel
across the nodes, the performance benefit achieved at each
node is nullified by this agent’s travel time. Hence to achieve
the maximum performance the processing time at each node
should be sufficiently greater than the agent’s travel time.

In a serial system where all models are present on a single
machine, the processing time ts is calculated as:

ts = m× t1 (1)

where, t1 is the processing time to compare a single model
with spoken word and m is the number of models (size of
the vocabulary).

In a parallel system with k models per node, the process-
ing time to compare all the models with the spoken word tp
is given as:

tp = (
m

k
× t2) + (k × t1) (2)

where, t2 is the average time taken by an agent to travel to
its destination node and return. It depends on the network
bandwidth and machine architecture.

To achieve tp < ts, we need to ensure that:

(
m

k
× t2) + (k × t1) < m× t1 (3)

Since in a parallel environment k << m,

m

k
× t2 < m× t1 (4)

Hence

t2 < k × t1 (5)

This implies that the processing time at each node must
be sufficiently greater than the time taken by a mobile agent
to travel across the network.

3.4 Authentication
Any user must use the ACQUIRE command to establish a

connection with a robot. This connection will be alive until
the user issues the RELEASE request. The robot is acquired
by the client whose request reaches the robot controller first.
Only this client is now eligible to send commands to the
corresponding robot. The robot controller uses this user ID
to authenticate the future commands.

If for any command the authentication fails, an error mes-
sage is sent back to the user. If it passes, the task based on
the command is performed on the robot and a feedback is
sent to the corresponding client.

3.5 Robot Controller
The robot controller is a combination of three components

working together to connect the robots with the speech en-
gine.

1. Translator Application: It is a Java-based application
that acts as a communication link between the relay
server and the speech recognition engine. The transla-
tor continuously listens to the speech engine and gets



Figure 3: The LEGO® NXT Mindstorm® Robot

the text equivalent of the spoken command. It then
parses the command, generates the equivalent opcodes
and sends to the relay server. It also sends back the
response it collects from the relay server back to the
control server.

2. Relay Server: It is a Java-based component that con-
nects the robot to the robot controlling host. It com-
municates with the robot using socket programming
and takes the command from the translator applica-
tion and performs the associated operations on the
robot.

3. NXT Relay Client: It is the relay server counterpart
that runs on the robot itself. It continuously commu-
nicates with the relay server, takes directions from it
and acts accordingly. It also provides feedback to the
relay server about the success or failure of the task.

4. EXPERIMENTS

4.1 LEGO® NXT Mindstorm® Kit
The LEGO® NXT Mindstorm® shown in Figure 3 is used

as the robot for the pupose of experiments. Various motors
and sensors are connected to a master control unit termed
as brick. The brick is connected via Bluetooth® to the
robot controller which can be any computing device. This
connection is facilitated by the Bluetooth® port on the brick
which connects directly to the Relay Server. Lejos NXJ
firmware is installed on the brick which enables the usage
of Java programming environment. For facilitating wireless
communication between the brick and the robot controller,
Lejos NXJ has Bluetooth® libraries.

4.2 Commands
For experimental purposes, the following set of commands

were used:

1. Acquire 〈Robot ID(s)〉: This enables client to acquire
the robots with robot IDs mentioned in the command.

2. Forward 〈Robot ID(s)〉: The robot(s) will move for-
ward from their current position(s).

3. Backward 〈Robot ID(s)〉: The robot(s) will move back-
ward from their current position(s).

4. Left 〈Robot ID(s)〉 〈degrees〉: The robot(s) will ro-
tate to their left (clockwise direction) by mentioned
degrees.

5. Right 〈Robot ID(s)〉 〈degrees〉: The robot(s) will ro-
tate to their right (anti-clockwise direction) by men-
tioned degrees.

6. Stop 〈Robot ID(s)〉: The robot(s) will stop moving.

7. Release 〈Robot ID(s)〉: The connection between client
and robot(s) is terminated.

8. Grab 〈Robot ID(s)〉: The robot(s) uses claws to grab
the object right in front of it. It must be in the correct
position to be able to grab the object.

9. Move 〈Direction〉 〈Robot ID(s)〉: The robot(s) will
turn in the direction specified and move forward from
their current position(s).

4.3 Experimental Setup
We used an HMM toolkit based on [7] that has a prede-

fined set of models. The toolkit calculates the percentage
match between the spoken word with each of the models.
The model with the highest match is chosen as the spoken
word.

We took two instances of the toolkit. One of these com-
pares the models with the words sequentially. Let us call this
instance ”Serial”. As the number of possible words (models
in the vocabulary) increases, the time taken by the speech
engine should increase linearly, (the time complexity being
O(n)).

The other one called ”Parallel” was tweaked to compare
the word with just one model. So, we could run multiple
instances of the engine in parallel - one for each model and
return all the results and compare them. This should per-
form better than O(n).

The command to control a robot is of the following format:
〈Operation〉 〈Robot ID(s)〉.

For example, consider the command ”Forward One”. If
there are ’x’ number of possible operations and ’y’ number
of robots, we need O(x + y) nodes to compute the result in
constant time.

4.4 Mobile Agents
We have used Typhon - A Mobile Agents Framework for

Real World Emulation in Prolog [9] to achieve totally dis-
tributed and decentralized parallelism. The mobile agent
takes the observation sequence (the recorded audio in vec-
tor quantized form) as payload to different nodes. Each
node calculates the received observation sequence’s similar-
ity with the model assigned to that node and returns the
probability measure. The speech engine is an executable
available at each node. Typhon calls this executable along
with the payload as an argument and gets the result back
and returns it to the requesting entity.

5. RESULTS
The performance was measured as the time taken to re-

turn the result for a given number of models.
Table 1 shows the time taken vs the number of models

for the ”Serial” approach, i.e. when the recognition is done
without any parallelization. These values have been used as



Table 1: Vocabulary size vs average recognition time

No of Words Average Time (msec)

1 80
20 112
50 138
100 180
500 578
1000 1082
2500 2566
5000 5020
10000 10 168

Table 2: Number of mobile agents vs Average time taken

No of Agents (m/k) Average Time (msec)

5 75.8
10 145.2
20 300.6
30 439.8
40 585.2
50 751.2
60 907.6
70 1077.8
80 1268.2
90 1455.6
100 1577.4

ts for further experiments instead of theoretical k×t1. As we
can see, the average time taken by the engine to recognize
the command increases linearly as the number of words in
the vocabulary increases.

Table 2 shows the time taken by the ”Parallel” approach
vs the number of agents.

Table 3 shows the time taken for ”Serial” (ts) and ”Par-
allel” (tp) approaches calculated in milliseconds. From this
table it can be inferred that as the number of models on a
single node (k) decreases, there is a performance increase
(tp) as compared to the ”Serial” approach. This trend is
not followed if we decrease the value of k beyond a cer-
tain threshold. It can be explained by the fact that the
time taken for mobile agents’ traversal overshadows the gain
achieved by the parallelization of the system.

The confusion matrix for the words recognized is shown in
Table 4. Whenever the person controlling the robot speaks
a command, the first task is to partition the command into
different words. Once this is done, the words are converted
to text individually using any algorithm.

The recognition accuracy of the HMM toolkit was found
to be around 88%. However it is dependent on various fac-
tors like the algorithm used, the amount of data used for
training, noise in the environment etc. and is not relevant to
the purpose of this work. Any standard speech recognition
API/Toolkit like HTK toolkit [18], CMU-Sphinx, Microsoft
Speech API, etc. can be used in place of the HMM toolkit
used here. Also, any number of algorithms can be used in
speech engine in parallel. We just need to host the algorithm
on some node and inform the speech engine about this new
addition.

Table 3: Comparison of time taken by“Serial” (ts) and“Par-
allel” (tp) approaches

m k m
k

m
k

∗ t2 k ∗ t1 ts tp

250 10 145.2 337 5020 482.2
2500 50 50 751.2 138 5020 889.2

25 100 1577.4 117 5020 1694.4

100 10 145.2 180 1082 325.2
1000 50 20 300.6 138 1082 438.6

20 50 751.2 112 1082 863.2

100 5 75.8 180 578 255.8
500 50 10 145.2 138 578 283.2

10 50 751.2 102 578 853.2

100 1 20.4 180 180 200.4
100 20 5 75.8 112 180 187.8

1 100 1577.4 80 180 1657.4

6. CONCLUSION
As expected, the time taken for serial conversion of speech-

to-text commands grows linearly as the number of words
increases. Whereas the same task takes less time after the
number of words crosses a certain threshold if done in par-
allel. Many ways are possible to implement the parallel ap-
proach but this work uses mobile agents which ensures the
scalability and decentralization of the system.

Any derived application can only be as accurate as the
recognition algorithm implemented in the speech engine.
But this approach supports adding new algorithms to the
speech engine dynamically. Different nodes in the speech en-
gine may host different recognition techniques [15] thereby
improving the overall accuracy. Also, the positive/negative
feedback mechanism ensures that better approaches are used
more often than less accurate ones. For time-critical appli-
cations, we can use techniques that use fewer computational
resources and time [14].

The feedback mechanism is necessary as speech utterances
vary depending on pitch, volume, environment, etc. and
fully accurate recognition algorithms are not yet available.
Also, the machine learning approaches require feedback as
part of the training mechanism to improve the accuracy of
the system over time, hence the feedback is necessary. But
in the current implementation, the feedback mechanism is a
bottleneck and for applications that are not critical, it may
be omitted.

Any new language can be added to the system dynami-
cally just by hosting the new models of the commands.

The present model supports only one relay server at each
robot controller node. Currently, work is underway to create
a multi-threaded version of this relay server so that multiple
robots can be connected to a single host. We also plan ex-
tensions to architecture for allowing more decentralization
to increase robustness [16].

Data losses due to network errors have not been accounted
for in this work. These losses may affect the usability of the
system in noisy environments like in wireless ad hoc net-
works. A possible solution would be to implement reliability
protocols between communicating nodes.

This work also does not handle the problems that may
arise due to the inactivity of the client for a certain time.
A solution might be to implement a timer that keeps track



Table 4: Confusion Matrix for Various Commands

Commands ACQUIRE FORWARD BACKWARD LEFT RIGHT STOP RELEASE GRAB MOVE

ACQUIRE 9 1 0 0 0 0 0 0 0
FORWARD 2 7 1 0 0 0 0 0 0
BACKWARD 0 2 8 0 0 0 0 0 0
LEFT 0 0 0 8 2 0 0 0 0
RIGHT 0 0 0 0 8 2 0 0 0
STOP 0 0 0 0 0 10 0 0 0
RELEASE 0 0 0 0 1 0 9 0 0
GRAB 0 0 0 0 1 0 0 9 0
MOVE 0 0 0 0 0 0 0 0 10

of the inactivity duration. The choice of this threshold time
is application dependent and is difficult to be agreed upon.
Future work may include extending the proposed system
to use natural language processing capabilities so that the
robot-controlling person may talk to the robot in a more
natural way rather than in a pure command-based method
as described here.
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