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Abstract. Sign language interpretation and PC captioning are used as means of 
assisting hearing impaired people to get information. A noise in classroom is 
bigger than expected, so it became a problem for hearing impairments who need 
concentrate listen. And children and students can’t listen teachers speech is easy 
to imagine which become a factor of interfere. In classrooms, speech is infre-
quently transmitted to a child without interference from background noise. 
Background noise refers to any undesired auditory stimuli that interferes with 
what a child wants, or needs, to hear and understand. Therefore, a product are 
sold which use FM wireless transmission. We have developed a supporting sys-
tem of nursing care for the hearing disabled people, using a tablet PC. This pro-
posed system devices a system which the LAN invented in the school. And it 
also use speech transmission on wireless LAN then they consider to use a 
smartphone and mobile games device. In the system, we choose a interface of 
GUI which is a few operation for beginner. Results of monosyllabic intelligibil-
ity test calculate 86% average. We can judge the system is utility. 
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1 Introduction 

The problems of children who require hearing support in school have been indicated. 
Currently, students having hearing impairment levels that range from mild to severe 
are studying at schools. Standards for classroom architectural planning and environ-
mental management exist, but the classroom noise standards prescribed in the school 
environmental hygiene standards assume usage by non-disabled students[1-3]. To 
assess the compliance of those standards, an investigation of the classroom environ-
ments of hearing-impaired students has been reported[4,5]. Children who had pre-
viously attended special needs schools have become able to attend regular classrooms, 
but their academic performance may deteriorate when they are unable to hear the 
voices of their teachers. In classrooms, speech is infrequently transmitted to a child 
without interference from background noise. Background noise refers to any unde-
sired auditory stimuli that interfere with what a child wants, or needs, to hear and 
understand. Background noise sources in the classroom include external noise (noise 
that is generated from outside of the building, such as airplane traffic, local  
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construction, automobile traffic, and playgrounds), internal noise (noise that origi-
nates from within the building, but outside of the classroom, such as rooms adjacent 
to cafeterias, lecture rooms, gymnasiums, and/or busy hallways), and room noise 
(noise that is generated within the classroom). Sources of room noise include individ-
uals talking, sliding of chairs or tables, and shuffling of hard-soled shoes on non-
carpeted floors. Heating, ventilating, and air-conditioning (HVAC) systems usually 
also significantly contribute to classroom noise levels. Due to the myriad of potential 
sources of noise, classrooms often exhibit excessive levels of background noise. Sys-
tems are available that use existing technology to implement speech transmission via 
FM radio waves and deliver those transmissions to pupils and students[6,7]. Although 
such systems are commercially available, they have not become popular due to such 
issues as ease of use, problems of radio wave utilization, and pricing issues. The 
present paper reports on a developed hearing support system using a LAN-based 
voice communication system. 

2 System Overview 

The noise levels generated in classrooms has been reported as ranging from 55 to 95 
dB, which indicates a wide distribution of levels[4]. The approximate numbers of 
students having different degrees of hearing impairment are listed in Table 1, and 
those of students attending schools or classrooms specifically for hearing-impaired 
persons are listed in Table 2[8]. 

Table 1. Approximate numbers of hearing-impaired students 

Conductive deafness Mild sensorineural deafness Sensorineural deafness Total number

0.35% 0.54% 0.25% 1.13%

70,000 110,000 50,000 230,000  

Table 2. Numbers students enrolled in special classes 

No. of students at schools for the deaf 6719

No. of students in classes for the hearing-impaired 2199

Total 8918
 

 
As can be seen from Tables 1 and 2, most students are enrolled in regular classes. 

Representative noise levels in classrooms are shown in Fig. 1. At these noise levels, 
hearing-impaired students have difficulty in hearing speech in a regular classroom, 
and as a result, their academic performance may deteriorate. As one solution to this 
problem, a system that uses FM wireless transmission has been used, and its effec-
tiveness has been verified. The system reported in the present paper realizes two-way 
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communication between a teacher and a student, rather than the one-way communica-
tion from teacher to student of the aforementioned FM wireless system, and has also 
been designed so as not to be overly expensive. 

 

Fig. 1. Equivalent noise levels in regular classrooms 

The newly developed hearing support system using a LAN environment is confi-
gured with a Linux OS Web server. Figure 2 shows an overview of the system. 

System functions include transmission and reception of voice packets, automatic 
acquisition and management of IP addresses of reception nodes, and a user interface. 

The user interface that has been designed such that calls can be initiated or stopped 
and reception nodes can be managed by clicking a button located on a Web page. 
Accordingly, calls can be made in a familiar Web environment with simple  
operations. 

When a reception node attempts to use this system, it first accesses the Web server 
and then the system is operated from the Web page that opens. At this time, informa-
tion such as the IP address of the accessing reception node is stored at the server. 

 

Fig. 2. Overview of the system 
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2.1 Hardware 

This developed system is configured with a Web server, but is not necessarily in-
tended for use only within a single LAN. By incorporating a Web server and a hear-
ing support system into a small PC, such as that shown in Fig. 3, and then connecting 
the PC to a LAN, the system is able to use Web browsers connected within the same 
domain. 

To realize a system that can be carried from room to room, a lightweight, palm-
sized portable system is constructed: 132 (W) x 47.5 (H) x 95.4 mm (D); 0.6 kg. 

 

Fig. 3. Photograph of the hardware 

2.2 Software 

The developed system uses Apache as the Web server software. Figure 4 shows the 
operational flow and the data flow within the system. 

The RTP (Real-time Transport Protocol) transmission and RTP reception compo-
nents shown in Fig. 4 are the components that carry out the voice communication. 
Because the user interface is provided on the Web, an applet with wide usability has 
been prepared. For this purpose, the applet was created in the JAVA language and 
uses the Java Sound API, which is a sound-related API. 

The utilized protocol, RTP, is a protocol used with IP telephony and similar tech-
nology. With RTP, such information as a sequence number indicating the positional 
relationship of the packet and a timestamp of the time are stored in order to support 
transfers and real-time performance. As a result, it is possible to learn whether a 
packet has disappeared during transfer. Also, changes in the positional relationship of 
the arrival of a packet can be corrected. The decision to use RTP with this system was 
made based on these features. 

Figure 5 shows the RTP header configuration. G.711 μ-law was used as the speech 
codec. This method takes advantage of the characteristics of the human ear and com-
presses the speech by varying the quantization level according to the magnitude of 
changes in the loudness of the speech. Additionally, this method has the advantage 
that a single unit of digital signal data is converted into a single unit of compressed 
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data. Consequently, speech data can be efficiently compressed and transferred to a 
communication circuit. This method has a sampling frequency of 8 kHz and a transfer 
rate of 64 kbps. 

 

Fig. 4. Signal flow 

V P X CC M PT Sequence number 

Timestamp 

SSRC (Synchronization source) 

CSRC (Contributing Source identifier) 

Extension header 

V: version, P: padding, X: extension, CC: CSRC count,  
M: marker, PT: payload type 

Fig. 5. RTP header configuration 

Figure 5 shows the RTP header configuration. G.711 μ-law was used as the speech 
codec. This method takes advantage of the characteristics of the human ear and com-
presses the speech by varying the quantization level according to the magnitude of 
changes in the loudness of the speech. Additionally, this method has the advantage 
that a single unit of digital signal data is converted into a single unit of compressed 
data. Consequently, speech data can be efficiently compressed and transferred to a 
communication circuit. This method has a sampling frequency of 8 kHz and a transfer 
rate of 64 kbps. 

To use this system, the applet is run in a Web browser. The applet is a Java pro-
gram that is downloaded to the Web browser, embedded in the page of the browser, 
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and then run. Since the applet can be run in an environment in which Java has been 
installed in the device to be used, as long as that task can be carried out, the program 
can be run in any environment. Additionally, since the applet can be run in the Web 
browser of the user interface, it is easier to use than programs written in other  
languages. 

Since many users utilize a Web browser on a regular basis, operation is considered 
not to be a problem. Moreover, calls can be initiated and stopped using a mouse or the 
other pointing device (for smart phones and portable game devices.), simply by click-
ing upon a button. In general, no other operations are needed other than clicking on a 
button. Figure 6 shows an example of web display design. 

 

Fig. 6. Wed Design 

The connect button is clicked to initiate a call. When this button is pressed, sound 
begins to be captured via a microphone and transmitted to a LAN. This button is also 
pressed when responding to a voice packet that has been received. 

The update button is basically used by the transmission side (server side) that is 
performing 1: N communication. A list next to the update button displays information 
about the reception nodes. This information contains the IP addresses of the reception 
nodes currently being accessed. Clicking this button updates the information being 
displayed. Figure 7 shows an example of transmission node operation. 

 

Fig. 7. Example of transmission node operation 
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2.3 How Long Is Channel Usable? 

The traditional sample-based encoder G.711 uses Pulse Code Modulation(PCM) to 
generate 8-bit samples every 0.125ms, leading to a data rate of 64 kbps. The packetiz-
er follows the encoder and encapsulates a certain number of speech samples into 
packets and adds the RTP(real-time transport protocol), UDP(user datagram proto-
col), IP, and Ethernet headers. The voice packets travel through the data network. An 
important component at the receiving end, is the playback buffer whose purpose is to 
absorb variations or jitter in delay and provide a smooth playout. Then packets are 
delivered to the depacketizer and eventually to the decoder which reconstructs the 
original voice signal. 

The required bandwidth for a single call, one direction, is 64 kbps. G.711 codec 
samples 20ms of voice per packet. Therefore, 50 such packets need to be transmitted 
per second. Each packet contains 160 voice samples in order to give 8000 samples per 
second. Each packet is sent in one Ethernet frame. With every packet of size 160 
bytes, headers of additional protocol layers are added. 

These headers include RTP + UDP + IP + Ethernet 6 with preamble of sizes 12 + 8 
+ 20 + 26, respectively. Therefore, a total of 226 bytes, or 1808 bits, needs to be 
transmitted 50 times per second, or 90.4 kbps, in one direction. 

A simple example can illustrate the basic methodology used in determining net-
work requirements for voice traffic. 

The voice constitutes the IP packet of this 200 bytes length by one every 20msec 
and transmits to LAN. We send out 50 packets for one second. The voice packet of 
the IP telephone is stored by a frame of the LAN. In the ethernet, 14 bytes and FCS 
for error checks are 4 bytes a header. We calculate length of 218 bytes in total. 

At time to transmit a voice frame, it is time for 218+8+12 = 238 bytes (1,904 bits). 
In the 10Mbps ethernet, it is the length of approximately 0.19msec at communication 
time. The length of the IP packet is 200 bytes same in the case of ethernet in the wire-
less LAN. It gets the information such as headers of the wireless LAN. By this sys-
tem, we are comprised of a pre-amble and wireless LAN header. This total time is 
215.3msec (192msec + time for 32 byte). 

The data constitution is constructed in data of 200 bytes and FSC of 4 bytes. Fur-
thermore, this transmit data and exchange ACK frames every uniformity 
time(10msec). The length of ACK frame is approximately 203msec. 

Finally the average of the random waiting time of frame length in front and the bit 
wide is approximately 360μsec. It is the sum total at time to use it to transmit one 
voice packet in wireless LAN. 

215.3＋148.4＋10＋203＋360≒937 (μsec) 
A single course of the IP telephone is realized by transmitting every this frame 50 

every second. It is 46.9msec/s at time to occupy wireless LAN. 
Furthermore, the wireless LAN is LAN of the media joint ownership type. There-

fore, we use the same band by an interactive call. We will occupy the time of 
937msec/s to realize 1 call of the IP telephone in the wireless LAN of 802.11b. 

We calculate in the same way as ethernet. In the wireless LAN environment of 
802.11b, we get the IP telephone channel of approximately 10 channels. 
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3 Communication Test 

A monosyllabic intelligibility test was carried out with the developed communication 
system. The monosyllabic intelligibility test used a random number of 100 Japanese-
language monosyllables. The monosyllabic intelligibility was scored as follows. 

 
Monosyllabic intelligibility =  
  (No. of sounds correctly answered/No. of test sounds) × 100               (1) 
 

The sequence of monosyllables was randomized so that the test participants could not 
anticipate their order. The test participants were five men in their twenties having 
normal hearing. It is thought that the characteristics of normal-hearing persons can be 
used to correct digital hearing aids. The monosyllabic intelligibility test results for the 
five participants are shown in Fig. 8. 

As shown, monosyllabic intelligibility ranged from 82% to 90% (mean: 86%). Be-
cause a sentence intelligibility of 90% or greater can be expected, the speech  
transmission capacity is deemed to be sufficient for practical applications. 

 

Fig. 8. Monosyllable intelligibility test results 

4 Conclusion 

The surprisingly loud noise environment found in classrooms is a problem for hear-
ing-impaired persons and others who require concentration to listen. Moreover, it is 
not difficult to imagine that learning would be adversely affected if a teacher’s voice 
were to be difficult for students to hear. For this purpose, products that use FM wire-
less transmission are commercially available. The system proposed in the present 
paper instead uses an existing LAN at a school. Because speech transmission is im-
plemented via a wireless LAN, smart phones and portable game devices can also be 
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used with this system. Use of these mobile devices enables the expense to be reduced. 
Of course, this system also supports the use of slate PC and notebook PCs. 

For the system, a GUI that is easy to use for beginners and that requires few opera-
tions was adopted for the interface. A monosyllabic intelligibility test yielded a mean 
result of 86%, which is considered to be sufficient for practical applications. 
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