
200001758-~ 

2. 8 MAR 2000 1 

Specification 

Title of the Invention 

Delay Fluctuation Absorbing Device and Method 

Background of the Invention 

The present invention relates to a delay 

fluctuation absorbing device and method and, more 

particularly. to a delay fluctuation absorbing device 

and method used on the reception apparatus side when 

speech communication is performed by using an Ethernet, 

ATM (Asynchronous Transfer Mode). or the like. 

Conventional apparatuses for 

transmitting/receiving speech information upon 

packeting it have used a technique of maintaining 

continuity in speech communication by starting to read 

a received packet with a long transmission delay after 

a lapse of an allowable period of time by using a 

buffer for absorbing transmission delay fluctuations 

on the receiving side. 

The following problems are, however, posed 

in the conventional technique. According to Japanese 

Patent Laid-Open No. 64-29141 (reference l}, the read 

timing of a transmission delay fluctuation absorbing 

buff er is fixed depending on the device using the 

buffer. If, therefore. the read timing is set to be 

early, the information of a speech packet with a long 

transmission delay cannot be reconstructed. If the 
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read timing is set to be slow. speech information can 

be continuously reconstructed. but echoes are produced 

or talkers feel incongruous in two-way speech 

communication because the fixed delay time is long. 

In order to solve such problems, Japanese 

Patent Laid-Open No. 9-200265 (reference 2) has been 

proposed. According to this conventional technique, a 

packet is transmitted after transmission time 

information is added to the header portion of the 

packet on the transmitting side. On the receiving 

side, the transmission delay time obtained from the 

transmission time information of the header portion of 

the packet and reception time information in a 

receiving unit is compared with the read timing of the 

transmission delay fluctuation absorbing buffer, and 

the read timing is changed on the basis of the 

comparison result. According to this scheme, the read 

timing of the transmission delay fluctuation absorbing 

buffer can always be adjusted in accordance with the 

transmission delay fluctuations. 

If, however, speech packets with long and 

short transmission delays are alternately received, 

the read timing of the transmission delay fluctuation 

absorbing buffer is frequently updated, and the 

difference between the timing before updating and the 

timing after updating is large. For this reason, 

speech communication is interrupted at the instant 
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when the timing is changed. In addition, the 

reception delay time alternately prolongs and shortens. 

This makes talkers greatly feel incongruous. 

A technique similar to that in reference 2 

is also disclosed in Japanese Patent Laid-Open 

No. 2-63346 (reference 3). Other examples of this 

type of delay fluctuation absorbing device are 

disclosed in Japanese Patent Laid-Open Nos. 1-248726 

(reference 4), 2-67847 (reference 5), 2-203641 

(reference 6), and 6-46080 (reference 7). 

According to reference 3, a transmission 

delay time is obtained from a generation time added to 

a header at the time of transmission and a packet 

reception time. A received packet is then delayed and 

reconstructed. According to reference 4, a 

transmission packet is delayed by a time set therein 

and read on the receiving side. In reference 5, when 

the number of packets stored in a FIFO (First-In 

First-Out) buffer becomes a predetermined value or 

less, reading of packets from the FIFO buffer is 

stopped. When this number becomes a predetermined 

value or more, reading of packets from the FIFO buffer 

is resumed. 

According to reference 6, a change in 

average delay time is monitored. When the change 

ratio is a predetermined value or less, and 

fluctuations are not absorbed, the fluctuation 
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absorption delay time is prolonged. When fluctuations 

are absorbed. the fluctuation absorption delay time is 

shortened. In reference 7. the basic fluctuation 

absorption time is corrected on the basis of the 

number of cells received within a predetermined 

monitoring time T upon arrival of the first cell, and 

a decoding time. 

In any of references 3 to 7, however, any 

technique of solving the above problems is not 

disclosed. 

Summary of the Invention 

It is an object of the present invention to 

provide a delay fluctuation absorbing device and 

method which can improve speech quality. 

It is another object of the present 

invention to provide a delay fluctuation absorbing 

device and method which can make a talker feel less 

incongruous in hearing. 

In order to achieve the above objects, 

according to the present invention, there is provided 

a delay fluctuation absorbing device comprising buff er 

means for storing a packet sent through a transmission 

line, and buffer control means for reading out the 

packet from the buff er means a predetermined read 

delay time after the packet is stored in the buff er 

means, and updating the read delay time of the buffer 

means on the basis of a transmission delay time of the 
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packet at unit time intervals, wher~in the buffer 

control means shortens the read delay time step by 

step when the read delay time is to be shortened by 

updating. 

Brief Description of the Drawings 

Fig. 1 is a block diagram showing the basic 

arrangement of a network system including a delay 

fluctuation absorbing device according to the present 

invention; 

Fig. 2 is a block diagram showing a network 

system including a delay fluctuation absorbing device 

according to the first embodiment of the present 

invention; 

Figs. 3A to 30 are timing charts showing the 

operation of a packeting unit in Fig. 2; 

Fig. 4 is a timing chart showing the 

operation of the packeting unit in Fig. 2; 

Figs. 5A to SH are timing charts showing the 

operation of the packeting unit in Fig. 2; 

Fig. 6 is a flow chart showing the operation 

of the packeting unit in Fig. 2; 

Fig. 7 is a block diagram showing a network 

system including a delay fluctuation absorbing device 

according to the second embodiment of the present 

invention; 

Pig. 8 is a block diagram showing a speech 

packeting circuit in Fig. 7; 
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Fig. 9 is a block diagram showing the 

operation of the network system in Fig. 2; 

Fig. 10 is a block diagram showing the 

operation of the network system in Fig. 7; 

Fig. 11 is a flow chart showing the 

operation of the third embodiment of the present 

invention; and 

Fig. 12 is a block diagram showing the 

functions of a CPU in Fig. 1. 

Description of the Preferred Embodiments 

The present invention will be described in 

detail below with reference to· the accompanying 

drawings. 

Fig. 1 shows the basic arrangement of a 

network system including a delay fluctuation absorbing 

device according to the present invention. As shown 

in Fig. l, the network system according to the present 

invention is comprised of telephones 1 and 2, speech 

packeting units 3 and 4 to which the telephones 1 and 

2 are connected, and a network 5 to which the speech 

packeting units 3 and 4 are connected. 

The speech packeting units 3 and 4 are 

respectively comprised of speech interface circuits 10 

and 24 to which the telephones 1 and 2 are connected. 

speech compression circuits 11 and 23, network 

interfaces 12 and 21 connected to the speech interface 

circuits 10 and 24, CPUs (Central Processing Units) 13 
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and 25, transmission delay fluctuation absorbing 

buffers 14 and 22 for temporarily storing outputs from 

the network interfaces 12 and 21 and outputting them 

to speech compression circuits 11 and 23, and memories 

15 and 26. 

The CPUs 13 and 25 control the speech 

interface circuits 10 and 24, network interfaces 12 

and 21, transmission delay fluctuation absorbing 

buffers 14 and 22, and the like. The network 5 uses 

packet communication such as Ethernet communication or 

ATM communication, and has a characteristic feature 

that packets have different delay times in 

transmission of packets from the transmitting side to 

the receiving side. 

The speech packeting units 3 and 4 

respectively convert analog speech signals from the 

telephones 1 and 2 into packets, and send them to the 

network 5. The speech packeting units 3 and 4 also 

reconstruct speech packets received from the network 5 

into analog speech signals. Assume that the telephone 

1 and speech packeting unit 3 are on the transmitting 

side, and the telephone 2 and speech packeting unit 4 

are- on the receiving side. In this case, an analog 

speech signal output from the telephone 1 is converted 

into a speech packet by the speech packeting unit 3. 

This packet is sent to the speech packeting unit 4 

through the network 5. The speech packeting unit 4 
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reconstructs the received speech packet into analog 

speech information, and sends it to the telephone 2. 

This allows speech communication from the telephone 1 

to the telephone 2. 

The internal arrangement of the speech 

packeting unit 3 on the transmitting side will be 

described. The speech interface circuit 10 converts 

an analog speech signal into a 64-kbps PCM signal or 

the like. The speech compression circuit 11 converts 

the 64-kbps PCM signal from the speech interface 

circuit 10 into speech compressed data that is 

speech-compressed to 8 kbps. The network interface 12 

generates a speech packet by adding a header as 

address information of the network 5 to the speech 

compressed data from the speech compression circuit 11, 

and sends the packet to the network 5. The CPU 13 

controls the above transmission operation. 

The internal arrangement of the speech 

packeting unit 4 on the receiving side will be 

described. The network interface 21 receives a speech 

packet sent from the network 5, and extracts speech 

compressed data by removing the header information 

from the received speech packet. The CPU 25 writes 

the speech compressed data from the network interface 

21 in the transmission delay fluctuation absorbing 

buffer 22. The CPU 25 also calculates transmission 

delay times from the reception intervals of speech 
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packets received from the network 5, and stores them 

in the memory 26. The CPU 25 calculates the buffer 

amount of the transmission delay fluctuation absorbing 

buff er 22 which is required to absorb packet 

transmission delay fluctuations, at predetermined time 

intervals, on the basis of the stored transmission 

delay times of the respective speech packets. In 

accordance with this calculation result, the CPU 25 

adjusts the buffer amount, i.e., the read timing, at 

predetermined time intervals. 

Since the packets have different 

transmission delays in the network 5, when, for 

example, a packet with a long transmission delay is 

received after a packet with a short transmission 

delay, continuous speech data cannot be obtained, with 

omission of intermediate speech data, by simply 

joining the received speech packets. In order to 

prevent this, speech compressed data from the network 

interface 21 are buffered by the transmission delay 

fluctuation absorbing buffer 22 first, and then the 

data are read out in accordance with the delay time of 

the packet with the long transaction delay. This 

makes it possible to obtain continuous speech data. 

The speech compression circuit 23 

reconstructs speech compressed data read out from the 

transmission delay fluctuation absorbing buffer 22, 

i.e., reconstructs the speech data compressed to 8 
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kbps or the like into the original 64-kbps PCM signal. 

The speech interface circuit 24 converts the 64-kbps 

PCM signal from the speech compression circuit 23 into 

an analog speech signal. 

The CPU 25 performs the above reception 

processing. The CPU 25 also calculates transmission 

delay times from the reception intervals of received 

speech packets, and stores them as statistical 

information in the memory 26. The CPU 25 obtains the 

required buffer amount of the transmission delay 

fluctuation absorbing buffer 22 from the stored 

transmission delay time data, and adjusts the read 

timing of the transmission delay fluctuation absorbing 

buffer 22, as needed. In this adjustment, the CPU 25 

performs control operation to quickly change the read 

timing when it is to be delayed and to change the read 

timing in a predetermined period of time when it is to 

be quickened. 

In a network designed to transmit/receive 

speech information upon packeting it in this manner, 

speech packets can be reconstructed into continuous 

speech data when reconstructed into a speech signal by 

controlling the read timing of the transmission delay 

fluctuation absorbing buffer, as needed. In addition, 

since the delay times based on the transmission delay 

fluctuation absorbing buffer can be set to proper 

values, speech interruptions can be prevented, and the 
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delay times of speech information can be minimized. 

In addition, in controlling the read timing 

of the transmission delay fluctuation absorbing buffer. 

the buffer amount is quickly changed when it is 

increased, and is changed in a predetermined period of 

time when it is decreased. This makes it possible to 

improve speech quality and let a talker feel less 

incongruous in hearing. 

Fig. 2 shows the arrangement of a network 

system including the delay fluctuation absorbing 

device according to the first embodiment of the 

present invention. The same reference numerals as in 

Fig. 1 denote the same parts in Fig. 2, and a 

description thereof will be omitted. 

As shown in Fig. 2, in the network system of 

this embodiment. the telephone 1 in Fig. 1 is replaced 

with telephones 1-1 and 1-2, exchange 31, and public 

line 32, and the telephone 2 is also replaced with 

telephones 2-1 and 2-2, exchange 33, and the public 

line 32. Trunk circuits (line interfaces) 31a and 3lb 

connected to the speech packeting unit 3 and public 

line 32 are connected to the output terminal of the 

exchange 31. A trunk circuit (line interface} 33a 

connected to the speech packeting unit 4 is connected 

to the input terminal of the exchange 33. Each of the 

speech packeting units 3 and 4 has the same block 

arrangement as that shown in Fig. 1. 
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The present invention can be applied to the 

above case wherein the telephones 1-1, 1-2, 2-1, and 

2-2 are connected to the speech packeting units 3 and 

4 through the exchanges 31 and 33. 

The operation of the above network system 

will be described next with reference to Figs. 3A to 

3D and 4 to 7. 

Figs. 3A to 3D explain a method of absorbing 

the transmission delay fluctuations of speech packets, 

and show the relationship between the 

transmission/reception timings of packets and the size 

of the delay fluctuation absorbing buff er so as to 

explain the mechanism in which the CPU 25 controls the 

transmission delay fluctuation absorbing buffer 22. 

A transmitting-side packet sending timing 

101 {Fig. 3A) is the timing at which the speech 

packeting unit 3 on the transmitting side sends out a 

speech packet. A receiving-side packet reception 

timing 102 (Fig. 3B) is the timing at which the speech 

packeting unit 4 receives a speech packet and writes 

it in the transmission delay fluctuation absorbing 

buffer 22. A delay absorbing buffer output 103 

(Fig. 3C) indicates the output timing of the 

transmission delay fluctuation absorbing buff er 22 

when the buffer amount of the transmission delay 

fluctuation absorbing buffer 22 is small (the read 

timing is quick). A delay absorbing buffer output 104 
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(fig. 3D) indicates the output timing of the 

transmission delay fluctuation absorbing buff er 22 

when the buff er amount of the transmission delay 

fluctuation absorbing buffer 22 is large (the read 

timing is slow). Referring to 3A to 3D, reference 

symbols A to H denote speech packets. 

The speech packeting unit 3 sends out 

packets A, B, C, D, E, F, G, and H at packet intervals 

Tc (sec), as shown in Fig. 3A, in sending out speech 

information to the network 5. The speech packeting 

unit 4 receives the packets A to H through the network 

5. At this time, the packets A to H undergo 

transmission delays in the network s~ The delays are 

not equal and are different in packets. Assume that 

the transmission delays of the packets A, C, D, F, and 

H are almost equal, the delay of the packet E is 

shorter than the average, the delay of the packet G is 

longer than the average, and the delay of the packet B 

is longer than that of the packet G. 

The speech packeting unit 4 writes the 

packets A to H, received at the receiving-side packet 

reception timing 102, in the transmission delay 

fluctuation absorbing buffer 22 under the control of 

the CPU 25. The CPU 25 calculates the transmission 

delays of the respective packets from the reception 

intervals of the speech packets, and stores the 

calculation results in the memory 26. The CPU 25 
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calculates a buffer amount required for the 

transmission delay fluctuation absorbing buffer 22 

from the transmission delay time data stored in the 

memory 26 at predetermined time intervals, thus 

determining a read timing. A speech packet is read 

out from the transmission delay fluctuation absorbing 

buffer 22 at the determined read timing. The delay 

absorbing buffer output 103 (Fig. 3C) indicates the 

read timing when the buffer value of the transmission 

delay fluctuation absorbing buffer 22 is small. The 

delay absorbing buffer output 104 (Fig. 3D) indicates 

the read timing when the buffer value is large. 

When the buff er amount of the transmission 

delay fluctuation absorbing buffer 22 is small. a 

delay time due to packeting is as small as a packeting 

delay time Tl (sec). Consider a packet with a long 

transmission delay like the packet B. At the timing 

at which the packet B is to be read out from the 

transmission delay fluctuation absorbing buffer 22, 

the packet B has not received from the network 5 yet. 

For this reason, the packet B cannot be reconstructed, 

and hence is processed as a packet loss, as shown in 

Fig. 3C. 

If the buff er amount of the transmission 

delay fluctuation absorbing buffer 22 increases, even 

the packet B with a long transmission delay can be 

handled, and no packet loss due to a long transmission 
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delay occurs. However. a packeting delay time T2 

(sec) is much longer than the time Tl, as shown in 

Fig. 30. 

The sense of hearing of a talker is greatly 

influenced by a packeting delay time. As the 

packeting delay time prolongs, echoes are produced or 

slight lags are produced between utterances from two 

talkers, resulting in an increase in the sense of 

incongruity. In contrast to this. when the packeting 

delay time is short, echoes and lags between 

utterances are little or not produced. However, since 

the transmission delay fluctuation absorbing buffer 22 

cannot make fluctuation adjustment to packets with 

long transmission delays, packets with long 

transmission delays are processed as-a packet loss. 

If a packet loss occurs, the data portion of the 

corresponding packet is lost, resulting in a 

deterioration in speech quality. 

For this reason, when a transmission delay 

is short, the buffer amount of the transmission delay 

fluctuation absorbing buffer 22 is preferably small, 

and vice versa. The transmission delays in the 

network 5 depend on routes in the network through 

which packets are transmitted, or increase or decrease, 

i.e., sequentially change, depending on the load 

imposed on the network. For this reason, the speech 

packeting unit 4 calculates transmission delays from 
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the reception intervals of received speech packets, 

and sequentially adjusts the buffer amount of the 

transmission delay fluctuation absorbing buffer 22, 

thus improving speech quality. 

In general, if a packet loss occurs, two 

talkers cannot satisfactorily converse with each other 

because speech communication is interrupted. On the 

other hand, if a packeting delay time is long, two 

talkers can converse with each other although they 

feel incongruous. In consideration of these points, 

the buffer amount is adjusted not to produce a packet 

loss much. 

The operation of the CPU 25 that controls 

the transmission delay fluctuation absorbing buffer 22 

in the speech packeting unit 4 will be described next 

with reference to Figs. 4 and SA to SH. 

Referring to Fig. 4. the intervals between 

speech packets Pll to Pln and P21 to P2n (n is a 

positive integer) are represented by Tc (sec), and a 

fluctuation adjustment unit time is represented by Ty 

(sec). That is, a buffer amount is determined by 

checking the number of packets that can be received 

within the unit time Ty. 

A reference data string 201 {Fig. SA) 

indicates an ideal state wherein there is no 

fluctuation in the transmission delays of the received 

speech packets Pll to P19. In practice, however, 
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since the speech packets Pll to Pl9 are received with 

transmission delay fluctuations, the fluctuations are 

adjusted by buffering by means of the transmission 

delay fluctuation absorbing buffer 22. If the unit 

time (delay unit time) for fluctuation adjustment is a 

buffer adjustment unit time Tt (sec), buffering can be 

set in units of (Tt x positive number). 

Referring to Figs. SA to SH, buffer 

adjustment unit time Tt = speech packet interval Tc. 

However, the present invention is not limited to this, 

and the buffer adjustment unit time Tt may be set to 

an arbitrary time. 

Consider the buff er output timing when the 

buff er amount changes from a small value to a large 

value. In this case, a buffer output 202 (Fig. SB) 

indicates a buffer output before the change, and a 

buffer output 203 (Fig. SC) indicates a buffer output 

after the buffer amount is adjusted to a large value. 

Likewise, consider the buffer output timing when the 

buff er amount changes from a large value to a small 

value. In this case, a buffer output 204 (Fig. SD) 

indicates a buffer output before the change, and a 

buffer output 205 (Fig. SE), buffer output 206 

(Fig. SF), buffer output 207 (Fig. SG), and buffer 

output 208 (Fig. 5H} indicate how the buffer amount 

decreases at intervals of changeback times Tk (sec) as 

it is adjusted to a small value. 
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The operation of the above network system 

will be described next with reference to the flow 

chart of Fig. 6. 

The CPU 25 receives packets sequentially 

from the first packet to determine the buffer amount 

of the transmission delay fluctuation absorbing buffer 

22 (step Sl). The CPU 25 calculates the transmission 

delay time of each received packet (step S2), and 

stores it in the memory 26 (step S3). The CPU 25 then 

checks whether the fluctuation adjustment unit time Ty 

has elapsed (step S4), and repeats steps Sl to S3 

until the fluctuation adjustment unit time Ty elapses. 

The CPU 25 then calculates a buffer amount required to 

absorb transmission delay fluctuations of the n 

packets Pll to Pln received within the fluctuation 

adjustment unit time Ty {step S5). 

In this calculati~n. a packet loss may be 

permitted in the n received packets within the range 

in which speech quality is not affected much when a 

speech signal is reconstructed. If, for example, a 

packet loss of 3% is to be permitted, a buffer amount 

that can absorb fluctuation of n x 0.97 packets may be 

obtained. This value (3% in this case) may be 

arbitrarily determined. 

The CPU 25 compares the obtained buff er 

amount with the current buffer amount (step S6). If 

they are not equal, the CPU 25 determines to increase 



19 

or decrease the buffer amount (step S7). When the 

buffer amount is to be increased. i.e., the 

transmission delay is longer than before, the CPU 25 

determines that a speech omission has occurred in the 

reconstructed speech signal, and the speech quality is 

greatly affected. and changes the buffer amount from 

the position of the first packet in the next 

fluctuation adjustment unit time Ty (step SS). For 

example. the CPU 25 changes the current buffer output 

202 (Fig. SB) to the buffer output 203 (Fig. SC) 

corresponding to the buff er amount calculated after 

the fluctuation adjustment unit time Ty. 

If the CPU 25 determines in step S to 

decrease the buffer amount, the CPU 25 checks whether 

a changeback time Tk has elapsed (step S9). After the 

changeback time Tk elapses. the CPU 25 changes the 

buffer amount by one step. i.e., by buffer adjustment 

unit time Tt x 1 (step SlO). Note that the flow 

returns to step Sl to repeat the above processing in 

steps Sl to S6 until it is determined in step S9 that 

the changeback time Tk has elapsed. 

The changeback time Tk is generally set to 

be longer than the fluctuation adjustment unit time Ty. 

In steps S9 and SlO, the new buffer amount calculated 

in each fluctuation adjustment unit time Ty is 

decreased by one step only when the new buff er amount 

is kept smaller than the current buffer amount within 
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the changeback time Tk. 

When the buffer amount is decreased, excess 

packets are generated at the buffer amount switching 

timing, but they are discarded without being 

reconstructed. When the buffer amount is to be 

decreased after the changeback time Tk, the buffer 

amount is decreased by an amount corresponding to the 

buffer adjustment unit time Tt in each changeback 

operation, but is not changed back to the small value 

at once unlike the case wherein the buffer amount is 

changed from the small value to the large value. If, 

however, the calculated decrease in the buffer amount 

falls within the range of the buffer a4justment unit 

time Tt, buffer amount changing operation is completed 

by one changeback operation. 

When, for example, the buffer amount is to 

be changed from the current buffer output 204 

(Fig. SD) to the newly calculated buffer output 208 

(Fig. SH) (the changed state is to be maintained), the 

buffer amount is decreased from the buffer output 204 

by an amount corresponding to the buffer adjustment 

unit time Tt at intervals of the changeback time Tk. 

As a consequence, the buffer amount is decreased step 

by step in a period of Tk x 4 time from the buff er 

output 205 {Fig. SE) to the buffer output 208 through 

the buffer output 206 (Fig. 5F) and buffer output 207 

(Fig. 5G). 
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If it is determined in step S7 that the 

buffer amount is to be increased, no packet may be 

read out in units of buffer adjustment unit times Tk. 

In this case, the CPU 25 inputs pause data by an 

amount corresponding to the silent time, or inserts 

the immediately preceding data again. 

If it is determined in step S6 that the 

calculated buffer amount is equal to the current 

buffer amount, since there is no need to change the 

buffer amount, the flow returns to step Sl to repeat 

the above processing in step S2 and the subsequent 

steps. 

Fig. 12 shows the functions of the CPU 25. 

Referring to Fig. 12, the CPU 25 comprises a 

transmission delay time calculating section 41 for 

performing the processing in step S2, a buffer amount 

calculating section 42 for performing the processing 

in step S5, a comparing section 43 for performing the 

processing in step S6, and a delay time changing 

section 44 for performing the processing in steps S8 

to SlO. 

Fig. 7 shows the arrangement of a network 

system including a delay fluctuation absorbing device 

according to the second embodiment of the present 

invention. In this embodiment, a speech packeting 

unit is incorporated in a telephone exchange. 

As shown in Fig. 7, the network system of 
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this embodiment is comprised of telephones 51 and 59, 

subscriber circuits 52 and 58 connected to the 

telephones 51 and 59, telephone exchanges 53 and 57, 

trunk circuits 54 and 56 respectively having speech 

packeting circuits 60 and 70, and a network 55 to 

which the trunk circuits 54 and 56 are connected. The 

telephone exchanges 53 and 57 respectively include the 

subscriber circuits 52 and 58 and the trunk circuits 

54 and 56. The network 55 uses packet communication 

such as Ethernet communication or ATM communication, 

and has a characteristic feature that packets have 

different delay times in transmission of packets from 

the transmitting side to the receiving side. 

The speech packeting circuit 60 and 70 

incorporated in the trunk circuits 54 and 56 have 

functions equivalent to those of the speech packeting 

units 3 and 4 in Fig. 1. The subscriber circuits 52 

and 56 have interface functions between the telephones 

51 and 59 and the telephone exchanges 53 and 57. 

Fig. 8 shows the detailed arrangement of the 

speech packeting circuit 60, which has the same 

arrangement as that of the speech packeting circuit 70. 

Referring to Fig. 8, the speech packeting 

circuit 60 is comprised of a network interface 61, 

transmission delay fluctuation absorbing buffer 62, 

speech compression circuit 63, telephone exchange 

interface 64, CPU 65, and memory 66. The telephone 
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exchange interface 64 is an interface circuit between 

the telephone exchanges 53 and 57. and has the 

interface function of transmitting/receiving 64-kbps 

PCM signals and control information to/from the 

telephone exchanges 53 and 57. The functions of the 

remaining elements are the same as those of the 

corresponding elements in Fig. 1. 

The first and second embodiments differ in 

the following point. In the first embodiment, the 

speech packeting units 3 and 4 are formed as discrete 

units. In the second embodiment, the speech packeting 

circuits 60 and 70 function as the trunk circuits 

(line interfaces) 54 and 56 of the telephone exchanges 

53 and 57. However, there is no difference between 

these embodiments in the transmission delay 

fluctuation absorbing scheme according to the present 

invention. 

The operation of the above network system 

will be described next with reference to Figs. 9 and 

10. Fig. 9 corresponds to the first embodiment in 

Fig. 2. Fig. 10 corresponds to the second embodiment 

in Fig. 8. 

In the first embodiment, as shown in Fig. 9, 

if a trouble Xl occurs in the line between the network 

5 and the speech packeting unit 4, since the speech 

packeting unit 4 is inserted between the trunk circuit 

3la and the trouble point Xl, the trunk circuit 3la 
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cannot detect the trouble Xl. 

In the second embodiment, as shown in 

Fig. 10, if a trouble X2 occurs in the line between 

the network 55 and the trunk circuit 56, since any 

device such as a speech packeting unit is not inserted 

between the trunk circuit 54 and the trouble point X2, 

the trunk circuit 54 can detected the trouble X2. 

The third embodiment will be described next 

with reference to the flow chart of Fig. 11. 

Referring to Fig. 11, steps Sll and S12 are added 

between steps S9 and SlO in Fig. 6. Since the steps 

other than steps Sll and Sl2 are the same as those in 

Fig. 6, a description thereof will be omitted. 

When the buff er amount of a transmission 

delay fluctuation absorbing buffer 22 is to be changed 

from a large value to a small value, in the first 

embodiment, the newly obtained buffer amount is 

compared with the current buffer amount. If it is 

determined upon comparison that the buffer amount is 

to be decreased. the buffer amount is decreased after 

the lapse of the changeback time Tk generally set to 

be longer than the fluctuation adjustment unit time Ty. 

The buff er amount is decreased by one step only when 

the new buffer amount calculated every fluctuation 

adjustment unit time Ty is kept smaller than the 

current buffer amount within the changeback time Tk. 

In the third embodiment, with regard to the 



~···'·~ 

... 

25 

current buffer amount, if it is determined in step S9 

that a changeback time Tk has elapsed, a packet 

reception ratio in a case wherein buffering is 

performed at a timing earlier than a buff er adjustment 

unit time Tt is obtained (step Sll). It is then 

checked whether the obtained packet reception ratio 

falls within an allowable range (step Sl2). If it is 

determined that the packet reception ratio falls 

within the allowable range, the read timing of the 

transmission delay fluctuation absorbing buffer 22 is 

quickened by buffer adjustment unit time Tt x 1 (step 

SlO). 

Although the processing in steps Sll and S12 

is performed when it is determined in step S9 that the 

changeback time Tk has elapsed, this processing may be 

performed during the changeback time Tk. If it is 

determined in step S9 that the changeback time has not 

elapsed, or if it is determined in step S12 that the 

packet reception ratio does not fall within the 

allowable range, the flow returns to step Sl. 

In each of the first to third embodiments, 

the transmission delay times of packets are obtained 

by the unit on the receiving side on the basis of the 

reception intervals of the received packets. However, 

time information may be added to speech compression 

information when it is packeted on the transmitting 

side so as to allow a unit on the receiving side to 
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obtain a transmission delay time from the time 

information in each packet. 

As has been described above, according to 

the present invention, a delay time in reading packets 

from a buff er means is updated at predetermined time 

intervals. In addition, when the delay time is to be 

shortened, the delay time is shortened step by step. 

This makes it possible to improve speech quality and 

let a talker feel less incongruous in hearing. 

Assume that the buff er amount of the 

transmission delay fluctuation absorbing buffer 22 is 

to be changed. In this case, when the buffer amount 

is to be increased, the buffer amount is quickly 

changed to minimize the occurrence of speech 

interruptions.· In contrast to this, when the buffer 

amount is to be decreased, the buffer amount is 

decreased in units of buffer adjustment unit times Tt 

while the network remains stable for a predetermined 

period of time. In this manner, the buffer amount is 

decreased step by step to avoid an abrupt change in 

speech delay time. In addition, speech packets are 

discarded little by little when the buffer amount is 

decreased. This makes it possible to minimize a sense 

of incongruity felt by two talkers in speech 

communication. 

When delays in the network repeatedly 

increase and decrease. taking a time for a change from 
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a long speech delay to a short speech delay will 

prevent talkers from feeling a sense of incongruity. 
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What is claimed is: 

1. A delay fluctuation absorbing device 

characterized by comprising: 

buffer means (14, 22) for storing a packet 

sent through a transmission line (5): and 

buffer control means (13, 25) for reading 

out the packet from said buff er means a predetermined 

read delay time after the packet is stored in said 

buffer means, and updating the read delay time of said 

buffer means on the basis of a transmission delay time 

of the packet at unit time intervals, 

wherein said buffer control means shortens 

the read delay time step by step when the read delay 

time is to be shortened by updating. 

2. A device according to claim l, wherein said 

buff er control means shortens the read delay time when 

the transmission delay time obtained at unit time 

intervals is kept shorter than the read delay time for 

a first time longer than the unit time. 

3. A device according to claim 2, wherein the 

first time is at least twice the unit time. 

4. A device according to claim l, wherein said 

buffer control means shortens the read delay time when 
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the transmission delay time obtained at unit time 

intervals is kept shorter than the read delay time for 

a first time longer than the unit time and a packet 

reception ratio in a second time shorter than the read 

delay time falls within an allowable range. 

5. A device according to claim 4, wherein the 

first time is at least twice the unit time. 

6. A device according to claim l, wherein said 

buffer control means shortens the read delay time step 

by step at predetermined time intervals. 

7. A device according to claim l, wherein said 

buffer control means calculates a read delay time on 

the basis of a transmission delay time obtained from 

reception intervals of packets received within the 

unit time. 

8. A device according to claim l, wherein said 

buff er control means quickly prolongs the read delay 

time when the read delay time is to be prolonged by 

updating. 

9. A device according to claim 1, wherein said 

buffer control means comprises: 

transmission delay time calculating means 
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(41) for calculating a transmission delay time of each 

packet from reception intervals of the packets at unit 

time intervals; 

buffer amount calculating means (42) for 

calculating a buffer amount of said buffer means which 

is required to absorb transmission delay fluctuations 

in packets within the unit time on the basis of a 

calculation result obtained by said transmission delay 

time calculating means; 

comparing means (43) for comparing the 

calculated buffer amount from said buffer amount 

calculating means with a current buffer amount of said 

buffer means; and 

delay time adjusting means for shortening 

the read delay time step by step to an optimal value 

corresponding to the calculated buffer amount at unit 

time intervals when it is determined on the basis of 

the comparison result obtained by said comparing means 

that the calculated buffer amount is kept smaller than 

the current buffer amount for a first time longer than 

the unit time. 

10. A device according to claim 9, wherein said 

delay time adjusting means quickly prolongs the read 

delay time to an optimal value corresponding to the 

calculated buffer amount when the calculated buffer 

amount is larger than the current buffer amount. 
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11. A device according to claim 1, wherein said 

buffer means and said buffer control means are 

connected between the transmission line and a terminal 

apparatus (1. 2) for transmitting/receiving a packet. 

12. A device according to claim 1, wherein 

said buff er means and said buff er control 

means are connected between the transmission line and 

one terminal of a trunk circuit {31a, 33a), and 

a terminal apparatus (l-1, 1-2, 2-1, 2-2) is 

connected to the other terminal of said trunk circuit 

through an exchange (31, 33). 

13. A device according to claim 1, wherein 

a terminal apparatus for 

transmitting/receiving a packet is connected to the 

transmission line through a telephone exchange 

including a trunk circuit, and 

said buff er means and said buff er control 

means are arranged in said trunk circuit. 

14. A delay fluctuation absorbing method 

characterized by comprising the steps of: 

storing a packet sent through a transmission 

iine (5} in buffer means (14, 22); 

reading out the packet from said buffer 
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means a predetermined read delay time after the packet 

is stored in said buffer means; and 

updating the read delay time of said buffer 

means at unit time intervals on the basis of a 

transmission delay time of the packet, 

wherein the step of updating comprises the 

step of shortening the read delay time step by step. 

15. A method according to claim 14. wherein the 

step of changing comprises the step of shortening the 

read delay time when the transmission delay time 

obtained at unit time intervals is kept shorter than 

the read delay time for a first time longer than the 

unit time. 

16. A method according to claim 14, wherein the 

step of changing comprises the step of shortening the 

read delay time when the transmission delay time 

obtained at unit time intervals is kept shorter than 

the read delay time for a first time longer than the 

unit time and a packet reception ratio in a second 

time shorter than the read delay time falls within an 

allowable range. 

17. A method according to claim 14, wherein the 

step of changing comprises the step of shortening the 

read delay time step by step at equal time intervals. 
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18. A method according to claim 14, further 

comprising the step of calculating a read delay time 

on the basis of a transmission delay time obtained 

from reception intervals of packets received within 

the unit time. 

19. A method according to claim 14, further 

comprising the step o~ quickly prolonging the read 

delay time when the read delay time is to be prolonged. 

20. A method according to claim 14, wherein the 

step of updating comprises the steps of: 

calculating a transmission delay time of 

each packet from reception intervals of the packets at 

unit time intervals; 

calculating a buffer amount of said buff er 

means which is required to absorb transmission delay 

fluctuations in packets within the unit time on the 

basis of the calculated transmission delay time; 

comparing the calculated buffer amount with 

a current buffer amount of said buffer means; 

shortening the read delay time step by step 

to an optimal value corresponding to the calculated 

buffer amount at unit time intervals when the 

calculated buffer amount is kept smaller than the 

current buff er amount for a first time longer than the 
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unit time; and 

quickly prolonging the read delay t·ime to an 

optimal value corresponding to the calculated buffer 

amount when the calculated buff er amount is larger 

than the current buffer amount. 


